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In this dissertation, the threshold for stimuli with changing 
pitch has been discussed in terms of some simple psychophysical 
phenomena. The intention was to seek those effects which could 
not be explained in such terms, ana to examine these further, especially 
with respect to the possibility that such effects might reflect 
the activity of a feature detector specific to stimuli having 
changing pitch. 
After an initial review of work by other inves,tigators, 
and a desc±iption of the experimental,metho~ to be used, the experiments 
proper were discussed. The threshold for FH bursts, which consisted 
of a tone swept in frequency between given bounds, was investioated. 
It was 'noted that in many cases signals with increasing frequency 
showed a lower threshold than those with decreasing frequency. 
Another type of signal to be investigated was a white noise, to 
which a delayed version of itself was added; the value of the delay 
was the parameter modulated. The threshold for both continuous-periodic, 
and unidirectional modulation of delay were considered. In the 
unidirectional case it was noted that the threshold was lower for 
signals with increasing delay, i.e. for decreasing pitch. Otherwise, 
most of the results could be explained, at least qualitatively, in terms 
of spectral and temporal integration, and various temporal interactions. 
Evidence is provided, from backward masking' experiments, "tnai. "He 
O,iflerent'ial threshold dependent upon the· direction ot glide riJay 
" be.explained in terms of the response of a pitch pattern recogniser. 
This being so, it was concluded that the experiments reported provided 
li ttle or no evidence for an ]'111. detector in man. 
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CHAPTER 1. INTRODUCTION AND HISTORICAL fu.-v.rEV{ 
The use of 'feature detector' filters has been found 
to be of some benefit in the field of automatic pattern recognition 
(e.g. Selfridge and Neisser (1963) describe their use in the recognition 
of hand-written characters). Feature detection is the separate 
detection of those features which are useful in the differentiation 
of significant patterns (e.g. the presence of a crossbar would 
differentiate between an 'A' and an inverted 'V'). Units which 
may be construed to be acting as feature deteotors have been observed 
in the cat's visual cortex (e.g. see Hubel and Wiesel (1962». Such ullit',S" 
respond to stimuli which might be thought to be of some biological 
significance, e.g., contours, and moving edges. It would seem 
reasonable to suppose that similar feature detectors are present 
in the auditory system. Stimuli with ohanging frequency have 
biological significance for both animals and man; hence, it would 
seem reasonable to look for feature detectors for frequency-modulated 
(FM) stimuli. 
1 .1. FM IN AIITMAL EXPERIMENTS 
1 .1.1. FM AS A BIOLOGICALLY-3IGNIFICANT STIMULUS FOR CATS 
FM is not only useful for the cat in sensing its environment 
(e.g. in detecting prey), but it also uses signals with changing 
frequency in its intra-species vocal communication. Watanabe and 
Ohgushi (1968) have analysed a typical audiogram of a cat utterance. 
Pick (see Appendix to Chapter one A.1.1.) has made a preliminary 
extension of this 
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study, by examining 36 cat vocal utterances. Both studies showed 
that those frequency transitions which were commonly emitted by the 
cat had also been shown to produce responses in the cat's audito~ 
cortex in units which responded only to FM stimuli. However, there 
is insufficient neurophysiological evidence available to correlate 
these results further with the sensitivity of any neural feature 
detectors. One can only conclude, as did Watanabe and Ohgushi, that 
there is no contradiction between neural and sonograph results. 
1.1.2. FM DETECTION IN THE AUDITORY CORTEX 
Although fleeting mention had previously been made to responses 
of neurons to swept tones (e.g. Thurlow, Gross, et. al. (1951)), 
Bogdanski and Galambos (1960) were probably the first to report units 
which respond specifically to FM stimuli. These units were found 
in cortical area AI of the unanaesthetised cat. Evans and \Vhitfield 
(1964), and vVhitfield and Evans (1965) undertook a detailed study 
of the response of neurons in the audito~ cortex of the unanaesthetised, 
unrestrained cat to stimuli of changing frequency; using both periodic, 
sinusoidal modulat~on, and also intermittent linear ramp modulation. 
About 10% of the units which responded to frequency changes did not 
respond to steady tones at all. For modulations both inside and 
outside the stea~-state response areas, many units exhibited frequency 
orientation i.e. they responded only when the frequency was rising 
and not when it was falling, or vice-versa (the direction of optimal 
sensitivity was sometimes independent of the frequency bounds of the 
stimulus, although in other cases there were two modes of response, 
responding only to downward changes in the high-frequency part of 
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the response area and to upward changes in the low-frequency part). 
The range of the rate of sinusoidal modulation over which responses 
were observed was approximately 0.5 to 15 Hz. The results of Evans 
and Vlhitfield have been more recently confirmed by other investigators 
(e.g. Vardapetyan (1967». J.E. Jolley (unpublished data) has undertaken 
a study of the response of cortical units to sinusoidally-modulated 
FM stimuli as a function of the modulation rate, and found that some 
FM sensitive units are optimally sensitive over a relatively small 
range of rates (responding little, or not at all, outside this ranee). 
Feher and Vlhitfield (1966) have reported even more complex units in 
cortical area All, e.g. a few units which only respond when presented 
with a combination of one steady, and one changing frequency (although 
at this level of complexity, some difficulty is found in explaining the 
function of such units). Goldstein, Hall, and Butterfield (1968) 
found few FM sensi ti ve units in the primary auditory cortex of the 
unanaesthetised,paralysed cat. They reported them to be 'in a minority'. 
1.1.3. Flit DETECTION IN THE INFERIOR COLLICULUS 
The lower in the auditory system that investigations are 
made, the more can the response to FM stimuli be predicted from the 
response to more simple stimuli (e.g. tone bursts). Nelson, Erulkar, 
and Bryan (1966) have studied the response of units in the inferior 
colliculus of the unanaesthetised cat to simple and complex stimuli; 
including sinusoidal FIl. They noted some units which were optimally 
responsive to a given direction of modulation, whilst others showed 
a direct relation between the firing density and the modulating 
function. All three modulation parameters: mean frequency, rate. 
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and extent, had a marked effect on the nature of the response. I;Iost 
uni ts responded to both amplitude modulation (AM) and FM. Only a 
few showed markedly greater response to one than to the other. A 
few units responded to FM stimuli at frequencies lying completely 
outside the frequency region within which the unit gave an on-, or 
off-response to pure tones. These units were amongst the few whose 
response could not be predicted on the basis of the frequency-threshold 
plots. Some indication of specific responses to FM stimuli has been 
ohserved in the homologous body to the inferior colliculus (the 
lateral mesemcephalic nucleus) of the barba~ dove (by Biederman-
Thorson (1961)). 
1 .1 .4. FM DETECTION IN THE COCHLEAR NUCLEUS 
Erulkar, Butler, and Gerstein (1968) and Evans and Nelson 
(1966) have reported studies of the response to FM stimuli in the 
cochlear nucleus of anaesthetised cat. r~ller (summarised in 
1~ller (1972)) has made a similar study in the cochlear nucleus 
of rat. The results of the Evans and Nelson study are not yet 
fully publisheg, but they essentially showed ver,y predictable 
responses to FM, especially within the ventral cochlear nucleus. 
The Erulkar, et. al., and the ~ller studies both used a modulated 
carrier tone with a triangular, or trapezoidal modulating function. 
Erulkar, et. al. were able to classify their responses into three 
types, provided that the mean frequency of modulation coincided 
approximately with the unit's characteristic frequency (CF), that 
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the modulation straddled fairly symmetrically the uni~~ pure tone 
response curve, and that the modulation rate was low. These classifications 
were as follows:-
(a) mirror symmetry: the unit's response to a decreasing 
frequency glide was the mirror image of its response to an inoreasing 
frequency glide between the same bounds: 
(b) translation symmetry: the response to increasing and 
decreasing frequency glides between the same bounds was identioal; 
and 
(0) asymmetry: the response was different, depending upon 
thedirection of modulation. Often the response to one direction 
of modulation was greater than that to the other. 
The authors suggested that the reason for the different 
responses is a different arrangement of synaptic endings on the 
neuron under study. They discussed the arrangement for mirror 
symmetrical and asymmetrical units in some detail, although they made 
no attempt to explain translation symmetry. Fernald, and Gerstein (1971) 
have modelled several possible methods of synaptic connections to 
cochlear nuoleus units, and suegested that the translation symmetry 
units were morphologically identical to the asymmetry units, but 
~hat the asymmetry units were more heavily driven. They showed 
empirically that thQ: translation symmetry units in the cochlear 
nucleus showed an asymmetrical response when more intensely driven. 
Erulkar, et. ale stated that "in the majority of the units the 
firing pattern for slow frequenoy modulation ( 1/s triangular sweeps) 
were predictable from the response area histogram", presumably implying 
that the majority of units gave firing patterns of the mirror symmetry 
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type. At higher rates of modulation, the firing patterns were 
influenced both by the rate of change of ~requency, and the repetition 
rate of the modulation function. MPller further quantified the effect 
oft the rate of change of ~requency and~the repetition,rate'on.the unit 
response. The vast majority of units observed by ~~ller gave firing 
patterns of the mirror symmet~ type, at low modulation rates. 
However, at high modulation rates, they had a tendency to become 
asymmetrical, showing greater synchronisation with a given instantaneous 
frequency of the modulating function, ~or one direction of modulation. 
1.1.5. FM IN BEHAVIOURAL EXPERIMENTS 
Behavioural experiments of some pertinence have been carried 
out by Diamond a~d Nef~ (1957). They found that the cat's auditory 
cortex was necessary for the correct discrimination of temporal 
patterns of tones. This result might lead one to believe that it 
woUld atso be true that the auditory cortex was necessary for the 
discrimination of FM stimuli (which are essentially, at low modulation 
rates, temporal patterns of tones). However, Kelly and ~bitfield (1971) 
could find only a ve~ small 10as of discrimination of direction of 
modulation of a unidirectional FM tone after bilateral removal of 
the cat's auditory cOrtex. This was true for both constant and 
randomised frequency bounds of the modulation. They felt that this 
result was not entirely consistent with the concept of 'frequency-
oriented' feature detector units at the level of the cortex. They 
expected that "removal of the cortex containing these, units would 
abolish the capacity of animals to discriminate the direction of 
~requency modulation." They came to the conclusion that possibly 
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the cortical feature detectors played a key role in the normal 
perception of frequency changes, but in their absence the discrimination 
could be made on the basis of analysis at lower levels. This resuly 
raises the question of why the feature detectors are necessa~ 
at all. Possibly they allow for more rapid detection of the frequency 
changes in an environment more rich in acoustic information than 
that of the experimental condition, i.e. they allow a higher rate 
of information processing (thus suggesting fUrther scope for the 
behavioural experiments). Allen (1959) could not find any behavioural 
evidence that the rat could discriminate FM (or Ali) stimuli when 
a pure tone was used as the neutral stimulus. (Unfortunate~, Allen 
gave no quantitative description of his stimulus parameters). 
1 .1 .6. FM AND ECHOLOCATION 
As is well-known, the audito~ system of the bat has developed 
to a high degree in comparison to the rest of its central nervous 
system. This development seems to have been necessitated by their 
elegant echo-location system, which they use not only to catch food 
on the wing, but also to avoid obstacles. Some species of bat 
(e.g. Vespertilionidae) generate a unidirectional frequency-modulated 
tone Whilst echolocating. Doppler shift ofechos from relative~ 
accelerating obstacles or prey, and the interference between the 
reflected and unreflected parts of wide band signals in the case 
of constant relative velocity, would also make the perception of 
. FM signals important for those bats which do not generate FM bursts. 
Several mechanisms have been suggested for e~~ting the information 
about the environment from the echos. Kay (1962) has suggested 
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that a non-linear interaction between the transmitted and received 
sound produces a pure tone, whose frequency is used to determine 
the target distance. Nordmark (1960) has suggested_a mechanism 
whereby a click-generating bat might translate distance into a pitch 
percept (in a similar way to the time-delay pitch described by 
Thurlow and Small (1955)). He noted that when an obstacle was 
approached at a constant velocity, that the rate of change of pitch 
increased. He suggested that avoiding action might be taken at 
a threshold rate of change of pitch (a similar mechanism for echo-
location by blind humans was suggested by Wilson (1966)). Strother 
(1961), expanded and clarified in Strother (1967), suggested that 
by analogy with the techniques of chirp radar, a collapsing (or 
matched) filter may be present in the bat's audito~ system, which 
would be designed to be maximally responsive only to those echos 
which most exactly replicated the generated sound. He suggested 
that the delay line necessa~ for the collapsing of the echos 
might even be embodied in the travelling wave delay function of the 
basilar membrane. Hwever, none of the explicit mechanisms which 
have been described would seem to fully explain the bat's behavio~r, 
and ability to echo-locate e.g. see van Bergeijk (1966) and McCue 
(1966). Neurophysiological investigation has clearly shown the 
sensitivity of the bat's audito~ system to FM stimuli. This sensitivity 
has been studied fairly thoroughly by Suga (e.g. 1964, 1965, and 1969). 
Unlike other neurophysiological studies of FM stimuli reported 
for other animals, which were carried out at supra-threshold stimulus 
levels, Suga investisated the threshold for various FM stimuli. 
The species of bat used in the Suga e~eriments was myotis lucifugus, 
which generates unidirectional FM pulses, which fall in frequency 
through about an octave in 1-4 ms. At the level of the cochlear 
- 9 .-
nucleus the threshold to FM was complete~ predictable from considerations 
of responses to pure tones. At the level of the inferior collicu1us 
those units with wide frequency response characteristics did not 
show a sensitivity to direction of modulation, and were fairly predict-
able in their responses. Vfuen the neuron had a narrow response 
area, then differential smnsitivity to direction of modulation 
was often observed (e.g. 37 dB difference in threshold, depending 
upon the direction of modulation). The sharper the response area, 
the greater the differential of threshold was observed. This difference 
was explained in terms of the inhibitory flanks to the response area. 
Suga examined the dynamic behaviour of these inhibitory areas, 
by observing the effect of varying the time interval between two, 
tone bursts of different frequencies. He noted that there was some 
evidence for the existence of a matched filter in the bat's auditory 
system, in as much as some units showed changes of latency as a 
function of stimulus frequency. 
It is also known that some' aquatic mammals generate Fl.! 
signals for purposes of echo-location. However, it would appear 
that the neurophysiology of echolocation in these animals is far 
less well-understood than in bat. 
It would at first sight seem rather rash to expect that the 
behaviour of the specialised auditory systems, such ~s that of the 
bat, would have great relevance to that of the human. Howeve~,:there 
is some evidence of human skills in echolocation (e.g. see Supa, 
Cotzin, and Da11enbach (1944), and Wilson, Pick, and Clarke (1972». 
It has also been suggested that FM detection might be used in human 
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echolocation (see Wilson (1966)). 
1 .).. FM AND THE HUUAN AUDITORY SYSTEM 
1.2.1. PSYCHOACOUSTICS 
Unidirectional (ramp) modulation o~ frequency is present. in 
human speech, in the formants specifying the consonants, the formant 
transitions between the phonemes, and in the glottal pitch. It is 
also used in music, in the form of glissandi. A certain amount of 
periodic FM is found to be pleasing when it is present in music 
(usually together with a certain amount of AM), both vocal (glottal 
pitch vibrato), and instrumental. F1~like stimuli have also been 
of considerable use in the understanding o~ the audito~ system, 
in psychoacoustic experiments, without any reference to feature 
detector mechanisms. 
1.2.1.1. FM AS A TOOL IN PSYCHOACOUSTICS 
Shower and Biddulph (1931) were probably the first to use 
an FM stimulus in a psychoacoustic experiment; in order to determine 
a measure of differential pitch sensitivity. They pointed out that 
to reduce the effect of memo~ as much as possible, the two tones 
should be presented in close temporal proximity, but a sudden transition 
would produce a click (due to spread of energy in the frequency 
plane, see Neustadt (1965)). Hence, they used a frequency 'glissando' 
between the two frequencies under comparison. The duration of the 
glissando was about 0.75 of that for the steady tone, and the modulating 
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function was a (monotonic) quarter-wave section of a sinusoid. 
Using this stimulus they noted that the difference limen (DL) was 
minimum for a modulation rate of between 2-3 lIz (for a 'carrier' 
frequency of 1 kHZ). They carried out all further experiments 
using a modulation rate of 2 Hz. They noted that at these low 
modulation rat~ that the sidebands of the long-time Fourier spectrum 
were so close to the primaries that spectral effects of the transition 
should not be a limiting factor. However, this analysis assumed 
that the auditory system was a long-time spectral averager, whilst 
implicitly, their experiment assumed that it is a short-time averager. 
Kock (1937) noted this apparent confusion and suggested that the DL 
measured by Shower and Biddulph was not a reflection of the fundamental 
frequency resolving power of the ear, but was limited by the type-.of 
stimulUS that they used, at least at frequencies below 1 kHz. He 
pointed out that-lIthe results would have been very much the same 
even if a perfect receiver, i.e., one which could detect an infinit-
esimal change in frequency, had been employed in place of the ear". 
This theme was later taken up, and formalised, by Gabor (1946, . and 
1947). Harris (1952), using a two-alternative forced-choice (2AFC) 
paradigm and tones of 1.4 s duration to measure the frequency DL, 
provided evidence tending to confirm Kock's analysis, by showing 
that the values of the frequencyDL was up to four times smaller 
than those measured by Shower and Biddulph for frequencies below 
approximately 2 klIz. Results of Liang Chih-An and Chistovich (1961), 
using a slightly different method to that of Harris, found DL's 
approximately midway between those reported by Harris and by Shower 
and Biddulph. Feth, Wolf, and Bilger (1969) again investigated 
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the frequency DL by adjusting the extent of frequency-modulated 
tones. Their results at 1 kHz were similar to those of Shower arld 
Biddulph as a function of modulation rate, for triangular and sinusoidal 
modulation functions. A triangul~r. modulation funotion provided 
a slightly lower DL than a sinusoidal one. 
Many psychoaooustio studies using FM stimuli have been based 
on the similarity between the spectra of FM and AM stimuli. This 
is espeoially true for sinusoidal modulating funotions, and small 
modulation indices (the modulation index is the quotient of the 
modulation extent divided by the modulation rate). Then only two 
sidebands about the carrier frequenoy component are of a~ importanoe. 
These sidebands are separated from the carrier frequency by a 
frequenoy equal to the modulation rate. If one ignores all the other 
relatively insignificant sidebands, then the AM and FM amplitude 
speotra are identioal. The phase speotra are, however, slightly 
different. Whilst in the case of AM the relative phase of the 
carrier is the same as that of the sidebands, for FM (or' quasi-FM' 
in the oase of the complete absenoe of the less important sidebands) 
the sidebands' phase lead the carrier oomponent by 900 • Mathes 
and Miller (1947), using a 1 kHz oarrier and 1 oq;& modulation for 
AM and quasi-FM , noted that the two types of signals could be easily 
discriminated at low modulation rates (below about 75 Hz), the AM 
stimulus sounding 'rougher'. Above this modulation rate the two 
signals beoame inoreasingly similar and beoame indistinguishable 
when the modulation frequenoy was 40% of the oarrier frequenoy, 
at ~istening levelJ of about 60 dB. Zwioker (1952, reviewed in 
Feldtkeller and Zwioker (1956» measured the just perceptible 
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~dulation extent for both AM and FM stimuli. (Schecter (1950) 
had already undertaken a prelimin~ study along the same lines). 
Zwicker noted that above a certain modulation rate, the just perceptible 
modulation index for FM and the just perceptible modulation depth for 
AM were identical. But, below that rate, the just perceptible F~;I 
modulation index increased for decreasing modulation rate, whilst the 
just perceptible AM modulation depth remained approximately constant. 
Zwicker suggested that the modulation rate at which the two thresholds 
begin tb diverge was a measure of the resolvmng power of the auditory 
system (critical band, or 'frequenzgruppe') in the frequency region 
of the carrier frequency. The reasons behind this were as follows: 
when the threshold functions for FM and AM run together, then the 
carrier and sidebands are transmitted by separate channels in the 
auditory system and phase information is lost, and perception is 
based on the amplitude spectrum. When the modulation rate is low, 
then carrier and sidebands are close together in frequency, and they 
are transmitted in the same channel. Thus relative phase is preserved, 
and presumably the neural correlates of amplitude modulation are more easily 
detected than those of frequency modulation (giving rise to greater 
perceived roughness of the AM signal). The measure of the critical 
band thus obtained is rather smaller than that generally accepted 
(e.g. see Scharf (1970)), but the shape of this bandwidth measure 
plotted with respect to frequency is similar to the critical band 
function. (Terhardt (1971) has correlated the threshold for the 
perception of roughness in an AM tone with the critical band, at 
least for frequencies below 1 kHz; but above this frequency, it 
is assumed that the inability of the auditory system to transmit 
periodicity information with fidelity becomes the limiting factor). 
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Groen.and Versteegh (1957) have further investigated the filter 
characteristics of the ear using FM stimuli. 
Ri tsma and Engel (1964) examined the pitch of quasi-FI.t 
stimuli, with a 2 kHz carrier frequenc~ and at medium modulation 
rates (at values of separation between the speotral components 
at approximately the oritioal band). They used as a matohing signal 
an AM stimulus with a different oarrier frequenoy, and a variable 
frequency modulating function (unfortunately, as the modulating 
frequency was varied, so was the carrier frequency, for the method 
employed for changing the modulation rate was realised by varying 
the speed of the tape on which the comparison stimulus was recorded). 
They noted a marked tendency to match the AM comparison stimulus 
periodicity with the stronger of the periodioities of the instantaneous 
signal amplitude of the quasi-FM stimulus. They noted that the correspond-
ance between what would be expected on the basis of periodicity 
theory was best when-the spectral oomponents were olosest, i.e. 
within a critical band. (It should be noted that in the majority 
of trials in the experiments of Ritsma and Engel, the quasi-FM 
stimulus was over-modulated (modulation index, m = 2.55)). McClelland 
and Brandt (1969) have investigated the pitch of true sinusoidally 
frequency-modulated tones. In this experiment, a pure tone was used as 
a comparison stimulus. They noted that pitch matches were made 
to individual spectral components, when the component frequency 
spacing was greater than the critical bandwidth. Vlhen the spacing 
was less than the critical bandwidth, then matches were made in the 
region of the carrier frequency. They noted that no pitch matches 
were made to anything but to peaks of spectral energy (i.e. not 
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to periodicity). However, none of the stimuli considered by McClelland 
and Brandt met the requirement of Ritsma and Engel for evoking 
periodicity pitch, i.e. a large modulation index, and a small value 
(less than 6) of the parameter n (equal to the quotient of carrier 
frequency divided by the modulating frequency). 
Shupljakov, Murray, and Liljencrantz (1969) have investigated the 
ability of subjects to discriminate the direction of modulation 
of sawtooth modulated FM stimuli. Each cycle of the modulating 
function consisted of one, two, or three cycles of the carrier. 
The authors found that even at rates of the modulating function 
of 4680 Hz, the discrimination could be correctly made on 74~ of 
the trials. They used this result as evidence for suggesting that 
the ear is far more sensitive to certain phase functions than has 
hitherto· been thought. They used this experiment as a basis for 
suggesting a pitch detector mechanism model based on the waveform 
of the travelling wave on the basilar membrane (a similar model to 
that suggested by Nieder (1972»). 
Other experiments using FM stimuli, which were aimed at 
providing a greater understanding of the methods whereby the auditory 
system analyses dynamic stimuli have been carried out by Zwicker 
(1956, 1962) and 1~iwald (1967 a ~,b). These experiments will be 
discussed in greater detail in Chapter 3. 
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1.2.1.2. FM.AI3 A PERCEPrUAL FACTOR 
A fairly large number of investigations have been made 
into FM as a perceptual factor. As any experiment seems to have 
generated a number of diverse further investigations; these experiments 
will be described in a chronological rather than categorical order. 
Probably the earliest investigation was that of Lewis, Cowan. and 
Fairbank (194-0). They investigated the perceived extent of unidirectional 
frequency glides. They used both linear, and (monotonic) quarter-
wave sinusoidal modulating functions. Two experimental procedures 
were used. In the first they asked subjects to report whether 
the extent of the glide was greater or less than the interval formed 
by two consecutive tone bursts. However, they found that this 
method of matching the perceived extent to be rather time-consuming, 
and found that little difference was made to the results if musically-
trained subjects were asked to report the musical interval traversed 
by the glide. Using this technique, they could find no significant 
effect of the direction of glide': or of the type of modulating 
function used. They found, in general, that the perceived extent 
was less than the actual extent. The difference between perceived 
and actual extent was greatest for the higher rates of change of 
frequency, and at the higher extents. The authors stated that the 
results wonld be subject to a theoretical discussion in a later 
paper from Lewis and Pepinsky. However, this paper seems never 
to have been published. It would seem that these results might 
be explained qualitatively in terms of the response of a spectrum 
analyser to the stimuli (e.g. see Gersch and Kennedy (1960)). 
However, such an analysis will not be considered here. Black (1969) 
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has more recently been examining, and. extending the range of parameters 
covered by these experiments. 
Brady, House, and Stevens (1961) examined the response of 
the auditory system to stimuli which were obtained from the ou~put 
of a pulse-train excited, resonant circuit whose resonant frequency 
was rapidly varied. They hoped that such a stimulus would give 
insight into how the opening and closing phases of ~ocal stop 
consonants are analysed. For this reason, the pulse train frequency 
was set at 100 Hz (in the range of glottal frequency for male speech) 
and the resonant frequency transitions were limited to regions 
typical of the second formant in speech. The subject was presented 
with a comparison stimulus, whose (unchanging) resonant frequency 
could be varied by means of a knob. He was instructed to adjust 
the knob until the two stimuli were as alike as possible. Basically, 
the result of the investigation was that the subject set the resonant 
frequency for the comparison stimulus at just below the ~erminal 
frequency of the resonant glide. The exact value of the match 
depended upon the rate of change of frequency of the glide; the 
deviation from the terminal value being greater( in the direction 
of the initial frequency) for lower rates of change (in the range 
of durations 20-50 ms, and the frequency bounds of 1 and 1.5 kHz, 
and 1.5 and 2 kHz over which the experiment was performed). The 
tendency to match the stimulus to the terminal frequency could be 
overcome by placing an initial stea~ resonant frequency before 
the glide, however, then subjects found greater difficulty in making 
the match. Without the initial steady frequency section, subjects 
felt that the experimental, and comparison stimuJl.i .wer'e similar, 
- 18 -
whilst when the initial steady section was present, they heard the 
transition as a 'chirp' or some other transitor,y event. The authors 
felt (subjectively) that the stimuli with falling transitions were 
responded to in a slightly different way than those for rising 
frequency; the tendancy to choose a match with the terminal frequency 
for rising frequency transitions being slight~ stronger). They 
also felt that there was some tendency for subjects to give results 
which might indicate some form of perceptual extrapolation after 
. the stimulUS termination. They noted that these results were not 
really in agreement with what mne would expect from those obtained 
from the analysis of responses to more speech-like stimuli, for 
which, the initial frequency of the transition was of importance. 
However, they noted that none of their stimuli had a speech-like 
percept, and suggested that possibly their signals were not processed 
in the same way as stop consonants. N~b~lek, ~b~lek, and Hirsh (1970) 
.have suggested that these results are consistent with the output 
of a spectral analyser, if one assumes that the match is made with 
the excitation pattern at the analyser output existing at the time 
of termination of the stimulus. 
Sergeant and Harris (1962) also used linear frequency-change 
glissandi in order to measure the "sensi ti vi ty to unidirectional 
frequency modulation". In fact, their experiment was to discriminate 
the threshold rate of change of frequency at which the direction 
of modulation could just be' detected (at a giv~n stimulus duration 
ahd at an initial frequency of 1.5 kHz). As might be expected, the 
threshold glissando rate decreases as the stimulus duration is increased , 
at least up to durations bf~1.0,s, and for greater durations the 
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threshold increases. For durations between 0.075 sand 5 s the 
results are fitted fairly well by the function:-
threshold glissando rate = lif C><. t-k 
T 
where I1.f = extent of modulation, t = stimulus duration, and k is 
approximately 1.23. I.e., as k is not equal to one, then the frequency 
shift is not constant (independent of duration), thus suggesting 
that the discrimination task did not reduce to that of measuring 
the just detectable frequency difference, but might ~rovide some 
indication that rate of change might be a more important stimulus 
parameter for the auditor,y system than the frequency extent of modulation. 
That is, th~ were suggesting that the rate of change of frequency 
might be a primary auditory perceptual factor. This suggestion 
is strengthened, because Eq (1.1) holds for stimulus durations 
in excess of any known integration time for other auditory perceptual 
factors (e.g. loudness and pitch). 
Van Bergeijk (1964), in an attempt to test whether Strother's 
(1961) hypothesised echolocation mechanism for bats holds for humans, 
undertook some experiments using unidirectional FM stimuli. These 
experiments appear to be of a fairly preliminary nature, and van 
~ergeijk did not provide complete details of the method, or of 
the results. However, he investigated the threshold for unidirectional 
FM (using both linear and exponential modulating functions), both 
in the quiet and in the presence of wide band masking noise. For 
frequency bounds of 3 and 6 kHZ, the decreasing frequency glide 
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provided a lower threshold than the increasing frequency glide, 
independent of glide duration (in the range of 0.75 to 50 ms). 
These results will be discussed at greater length in Chapter 3. 
Pollack (1968 a and b) has investigated what he calls 'auditory 
pulsed Doppler discrimination'. A Doppler pulse train is a pulse 
train for which the inter-pulse interval (IPI) increases, or decreases 
in a linear' manner.throughout the duration of the train. Several 
types of discrimination experiments were carried out. The first 
type was an investigation of the just noticeable rate of change 
of IPI, in order to discriminate the direction of variation of the 
IPI (i.e.' increasing or decreasing) for a given duration of stimulus, 
and number of pulses constituting the pulse train. He found that the 
threshold (total change of the IPI) depended upon the number of 
pulses in the pulse train, and the cantre IPI (i.e. the value of 
the IPI half way through the duration of the stimulus burst). 
Threshold was found al~ays to be higher, the smaller the number of 
pulses in the stimulus burst. There was a minimum threshold at 
some intermediate value of the centre !PI; the threshold increased 
monotonically on either side of this minimum. Another discrimination 
. type was to determine the just discriminable change in the rate Of 
change of IPI (Pollack apparently only investigated this discrimination 
threshold for increasing changes of IPI). As might be expected, 
the just discriminable change in the rate of change of the IPI 
increased as the reference rate of change increased. However, 
the threshold was approximate~ constant over a fairly large region 
from 0 to 40 ~s/IPI for the case of the centre IFI = 30 8 ms, and 
the number of pulses = 10. Pollack mentioned, and tried to overcome, 
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a problem which is of some trouble in any stu~ of the effect of 
varying the rate of change of a unidirectinal signal. That is, 
by varying the rate parameter (in this case the rate of change of 
IPI), one must either vary the initial or final value _ of ,the ··parameter 
under change, ot the duration of the change (unless one allows the 
duration to tend to infinity, so far as the system under stu~ 
is concerned). Pollack notes that since auditory interval, or 
pitch discrimination is extremely acute, dissociation of Doppler 
from interva:l discrimination is most .nec,t?ssary. To try to overcome 
this problem, he added several pulses to the onset of the Doppler 
. . 
puls~ train which had a constant IPI equal to the initial IFI of 
the Doppler pulse train, and similar~ at the termination of the 
Doppler pulse train. He thought that this would then provide a 
relatively 'pure' measure of Doppler sensitivity for auditory pulse 
trains. Using this method, he investigated the just noticeable 
difference in rate of change of IPI from an instantaneous change. 
As the total IPI change of the reference stimulus increased, the 
threshold fell. A minimum threshold was found for centre Il:I"' s 
in the region of 5 ms. Pollack felt that his results could not 
be related in aqy direct manner to the neurophysiological results. 
In the later paper, Pollack (1968b) investigated the Doppler discrimination 
threshold (for direction of change of IPI) as a function of the 
number of successive presentations of the particular Unidirectional 
pattern. He found that in almost all cases, the more successive 
presentations of the pattern that were given, the higher the threshold 
became. He suggested that possibly the auditory direction is discriminated 
by comparing the beginning with the end of a Doppler sequence, 
successive repetitions serve primarily to add intermediate interference 
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and thereby hinder discrimination of the ends of the sequenc,e .. 
However, a simple qualitative explanation might be that the processing 
of a single glissando entails a given time, and that there is some 
remnant of the previous glissandi within the processing mechanism, 
when the next glissando is presented, which is not cancelled, but 
interferes with the subsequent processing. Perhaps a further experiment 
which might have been performed to measure the processing time, 
assuming the hypothesised mechanism, would be to examine the effect 
of varying the time interval between the successive presentations 
of the stimulus (although this would not be sufficient to differentiate 
between many different mechanisms). 
Pollack (1968c) has also investigated the discrimination 
of tonal glissandi. He used unidirectional, linearly frequency-
modulated ,tones in this stu~. First, he repeated the experiment 
of Sergeant and Harris (1962) over a wider range of initial frequencies 
(125, 250, 500, and 1000 Hz). Unlike Sergeant and Harris, he found 
that for a given initial frequency, the threshold sweep rate was 
inversely proportional to the sweep duration, i.e. the threshold 
modulation extent was independent of the sweep duration (over the, 
range 0.5 to 4 s). He also noted that for a. given duration, the 
threshold modulation extent was almost directly proportional to 
the initial frequency,. It would seem from these experiments that 
the subject was treating the task as one of determining the frequency 
DL. To see whether the subject could make genuine discriminations 
of rate of change, Pollack increased the initial frequency of 
either the increasing or the decreasing transition at random, by 
10 Hz. In which case his two subjects gave a 1.3- and 1.8-fold 
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change in threshold frequency extent in comparison to the case of 
a fixed initial frequenoy. In a further experiment, he used a 
similar technique to that used for pulsed Doppler to obtain a 
, pure' measure of disorimina tion of rate of freq uenoy ohange., 
That is, he added long 1 s duration tones both before and after 
the glissando, with tha same frequenoies as the initial and final 
frequencies of the glissando, respectively. He then measured the 
just disoriminable rate of ohange of frequency (again only for inoraasing 
frequency transitions). The results indioate that for a short 
duration transition there is a tendency for the threshold change in 
the rate of change of frequency to be inversely proportional to 
the change in glide duration. For long transition durations the 
tendency is for the threshold just noticeable differenoe of the rate 
of ohange of frequenoy to be proportional to the frequency extent. In 
other words, for short duration glides the discrimination appears 
to be made at the level of the auditory speotral analyser, (or at 
least, the response limitation is similar to that whioh limits 
linear systems i.e., At. At = oonstant, e.g. see Gabor (1~6»), 
whilst. for longer duration transitions the discrimination appears 
to be limited by some non-linear system. 
Independently, N'b~lek, ;WA~19k, and Hirsh (1969) made a 
more oomprehensive study of the just disoriminabl~ change of rate 
of ohange of frequency, over a more restricted range of parameters 
to that of Pollack. They considered transitions which they felt 
. might be of some significance to speeoh peroeption. That is, glide 
durations of 10 to 300 ms; in the frequency regions of 250 Hz 
(glottal pitoh), and 1 and 4 kHz (second formant);' and traversing 
-~-
frequency interVals of an octave (2/1), a fifth (3/2), and a major 
second (9/8). Both increasing and decreasing frequency glissandi 
were considered. Unlike Pollack, they did not append a steady tone 
to the glissandi, b~t on~ added a tone to the glissandi termination. 
The direction of frequency transition appeared to have little effect 
on the threshold increment of glide rate. However, they did note 
a pronounced time-order error. The discriminability was improved 
when the stimulus with the fastest rate of change was presented 
second. This might indicate a shape for the adaptation (or processing 
time) function for unidirectional glides, rather similar to that 
observed when a continuous sinusoidal modulating function is used 
(see Kay and Matthews (1972». ~ v Nabelek and Hirsh suggested that 
the existence of a time-order error might indicate that perception 
of glide rate belongs to the prothetic class, together with loudness 
and duration, rather than the metathetic class, like pitch (see 
Stevens (1957»). The shape of the curves relating glide rate to 
the just perceptible change in glide rate was, in general, similar 
to the shape of those of Pollack. '- v Nabelek and Hirsh concluded from 
this result that there were indications of "two mechanisms involved 
in the discrimination of the rate of change of frequency: one 
which is in action for fast changes in larger frequency interfals, 
and the other one for slow changes especially in small frequency 
intervals". However, the range over which they carried out their 
experiments was inadequate to completely substantiate their suggestion 
that the second mechanism operated only for small frequency intervals. 
The first mechanism appears to operate optimally for glide durations 
around 30 ms (perhaps indicating that the discrimination is made 
in the frequency plane). 
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Heinz, Lindblom, and Lindqvist (1968) attempted to test 
the suggestion made by Brady, House, and Stevens (1961),that there 
was some evidence for perceptual extrapolation of the frequency 
glide after its offset. They used two experimental methods to do 
this. The first was to match the pitch of a swept tone with that 
of a pure tone of the same duration. They examined the pitCh of 
glides between frequency bounds of 1.0 and 1.5~, and of durations 
of 20, and 50 ms. They found no evidence of.extrapolation in the 
pitch matches made by the subjects. The pitch matches were at 
approximately the terminal frequency of the glissandi. In another 
experiment, they measured the amount of forward masking of a probe 
tone by a gliding frequency masker. Th~ used sweeps between 1.0 
and 1.5 kHz, and 2.0 and 1.5 kHz, with duration of 50 ms. The 
time between masker offset and probe tone onset was 5 ms. They 
found no evidence for extrapolation; the maximal masking occuring 
for a probe tone frequency at approximately the same frequency as 
that to which the pitch was matched. The shape of the masked audiogram 
was similar to that of the masked audiogram obtained when a 1.5 kHz 
tone was used as masker (although less masking was present when 
using the FM masker). 
N'b~ek, N~b~ek, .and Hirsh (1970) investigated the pitch 
of glissandi (i.e. extending the investigations of Heinz, et. al.). 
The subject was required to match the pitch of the glissando with 
that of a pure tone. As with Brady, House, and Stevens (1961), 
and Heinz, et. ale it was found that there was a tendency to match 
the pitch to a frequency close to the terminal frequency of the glide. 
-'.Th:tstendency was gr~test '; for long duration glides with large modulation 
extents. However, in no case was there ~ indication of frequency 
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extrapolation of the glide in the responses, and, indeed, the tendency 
to match pitch to the terminal frequency was not as great as in the 
study of Bra~, et. ale The tendency towards the terminal frequency 
was greatest for increasing frequency glides. Vfhere the mean pitch 
match shwwed the greate~t tendency towards the terminal frequency 
then there was an increased lack of repeatability in the pitch 
matches, between subjects, and between matches for a given subject. 
As mentioned above, they explained the results by considering the 
response of a spectral analyser to the stimulus, assuming that the 
analyser had properties similar to that of the ear, and assuming 
that the subjects judged the pitCh of the glissandi acoording to the 
excitation pattern as it existed at the moment when the stimulus 
ended. Thus, the increase in deviation for the large duration, 
large extent glides was due to the excitation funotion (as a funotion of 
frequency.' :-) at the termination of the glide being multi-peaked. 
Sone and Tsumura (1971) carried out experiments to investigate 
the detection of frequency transitions. They used a linear frequency 
glide embedded between two sections of static frequency tone, as 
did Pollaok~ However, the task that they presented to their subjects 
was to determine the just perceptible modulation extent, as a funotion 
of various of the stimulus parameters. For a stimulus burst of 1 s 
duration (including the static frequenoy sections), the longer the 
time of the transition, the smaller was the just perceptible extent, 
so long as the initial tone burst was fairly short (say, less than 
200 ms). For longer durations of the initial tone burst, the threshold 
extent was approximately independent of the transition duration. 
The minimum threshold extent was found for an initial tone burst 
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.of 500 ms duration. They then went en te investigate the effect 
of varying the total stimulus duration. They found that as leng 
as the initial burst duratien was greater than apprdKimately half 
the tetal stimulUS duratien, that the just perceptible extent was 
independent .of the transitien duratien. Fer initial delays belew 
this value, the thresh.old extent approximately followed the curve 
for the frequency difference limen fer tones as a functien .of the 
initial tone duration (as measured by Kgnig (1957».' Fer initial 
tone duratiens in excess .of half the t.otal duratien,the thresheld 
extent increased, diverging frem th~ frequency DL curve. It weuld 
seem that a large duratien fer the terminal tene burst is necessary 
te make the .optimum discriminatien. When the limitatien is everceme, 
then it weuld seem that the discriminatien is based en the rate .of 
change .of ~requency. 
Perhaps,'ene .of the mest cenvincing experimental results 
previding eVide,nce fer the existence in human audi tery pathways 
.of channels selectively tuned tb the medulatien present in frequency-
medulated tenes is that .of Kay and Matthews (1972). They used 
a continueus, sinuseidal~ frequency-medulatedtene burst as an 
adapting stimulus, and then .observed the effect .of that adapting 
stimulus on the percepti.on .of frequency-medulatien .of ether stimuli 
as a functi.on of the test-t.ones m.odulatien rate, and the time .of testing 
after adaptati.on. All stimuli were presented at 40 t.o 45 dB sensation 
level (SL). It was feund that under .optimum conditiens the thresh.old 
modulati.on extent needed te be increased by three times after presentati.on 
.of the adapting FM signal. An adapting stimulus of duration of 
12 s .or mere was feund te be maximally effective. The ceurse .of 
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post-stimulus adaptation decayed over an interval of about 60 s. 
Adaptation was maximum for the modulation rate of the test stimulus 
being at about the same rate as that of the adapting stimulus. 
Vluen the .test stimulus rate diverged from that rate, the adaptation 
became progressively less (i.e. indicating some degree of tuning 
to the adapting stimulus). They found considerable adaptation was 
still present when the test,stim~lus was presented to the ear contra-
lateral to that to which the adapting stimulus was presented, indicating 
a c,entral'locus for adaptation. Curiously the amount of adaptation 
for binaural' stimulation was much:less than that found for a monaural 
stimulus. That most sounds, outside of the acoustics lab, are received 
binaurally, must make one,", .. .. : . " -,."': .,,"'-. question,. the 
supposition made by the authors that their results give evidence 
for an FM detecting mechanism. The amount of adaptation is greatest 
for modulation rates between 2 and 30 Hz. For modulation rates 
below 8 Hz, the maximally adapted test stimulus modulation rate is 
slightly lower than the adapting stimulus modulation rate. Similar~ 
for modulation rates in excess of 8 Hz,the maximally adapted test 
of'ol" 
stimulus modulation rate is slightly higher thanAthe adapting 
stimulus. It would seem that the frequency of the adapting stimUlus 
carrier ,does not have a great effect on the amount of adaptation 
(at least for a test stimulus carrier frequency of 250 HZ) over a 
range of variation of about one critical band on either side of the 
test stimulus carrier frequency. They also showed that, although 
FM is effective in adapting FM stimuli. The low modulation rate 
for which the adaptation suggests optimum sensitivity to FM (about 
8 Hz) is rather low for any important speech parameters. Possibly 
a speech formant FM detecting mechanism might be excited by the use 
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of a higher frequency of carrier, say, in the region of 1 to 4 hllz. 
However, one must bear in mind that in the neurophysiological experiments, 
units respond to ve~ rapid ramp modulation stimuli, whilst only 
responding to sinusoidally modulated stimuli of rates less than 
15 Hz, e.g. see Vlhitfield and Evans (1966). It would seem that 
in the neurophysiological case, some kind of adaptation is occuring. 
More recently, further investigations using FM stimuli 
have been reported, although, to date, these reports are incomplete. 
Ronken (1972) has reported an investigation of frequency discrimination 
for FM 'chirps' of various bandwidths. That is, he determined the 
just discriminable change in the mean frequency of a glissando 
of constant rate. He used bandwidths of 10 to 1000 Hz and a Glide 
duration of 100 ms. The glide intensity was 70 dB SPt, and it 
was embedded in a masking noise. For a comparison mean frequency 
of 750 Hz, as the bandwidth increased from 50 to 1000 Hz the threshold 
varied as the square root of the bandwidth. For a bandwidth of . 
10 Hz, the glissando provided slightly better discrimination than 
a pure tone of the same frequency. The direction of glide had a 
ver,y small effect. Young and Wenner (1972a) have been investigating 
the audito~ threshold by ~ B~k'sy audiometer technique, but instead 
of using a slowlY swept tone as the test signal, they used a train 
of glissandi of a given relative extent and duration, whose mean 
frequency was slowly swept. For a given frequency extent, the threshold 
was improved by increasing the glide duration, and the period of 
silence between successive glissandi. For a given glide duration, 
the threshold improved for increasing extent. Young and Wenner 
(1972b) have also investigated the masking of a pure tone by continuous, 
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sinusoidal FM tones. For tones at the FM carrier frequency, masking 
varied linearly with masking intensity. A greater frequency spread 
of masking was exhibited for FM than for pure tone masking (this 
spread increased considerably for FM maskers with levels in excess 
of 60 dB SPL). For a probe tone frequency greater than the masker 
carrier frequency, as the modulation rate was increased, the audiogram 
tended towards that of a pure tone, and as the modulation extent 
was increased, the audiogram tended. towards that of a narrow band 
of noise. 
1.2.2. FM AND SPEECH 
Frequency transitions I!"eem to be of great importance in the 
perception of speech. However, when they are heard as such, they 
generally cease to be speechlikej which is one of the reasons 
for Liberman, Cooper, et. al. (1967) suggesting that speech-like 
sounds are processed in a different way, and at a different site, 
to non-speech-like sounds. In Western European languages, transitions 
. . 
of glottal pitch are used to clarify the meaning of a sentence 
(e.g. by rising towards the end of a sentence, a question is implied 
(see Atkinson (1971». It would seem, however, that pitch inflections 
are unnecessa~ in these languages for vocal communication (e.g. 
in whispered speech), although perhaps at the expense of added 
verbosity and monoto~ (e.g. as with some early speech synthesisers). 
However, in some languages, pitch inflections are important parameters 
in specifying phonemes (e.g. see Chang (1958), Jenkin (1958), and 
Kali~ for the phonemic use of glottal pitch in the Chengtu dialect 
of China, Eastern otomi, and Serbo-Croat respectively). 
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However, most studies in aooustic phonetios whioh are available, 
written in English, restriot the stu~ of frequenoy transitions 
to studies of formant transitions. Formant transitions are important 
in the disorimination of stop consonants, nasal consonants, semi vowels , 
and diphthongs (e.g. see Liberman, Delattre, et.al. (1956), Halle, 
Hughes, and Radley (1959), Lehiste, and Peterson (1961), Holbrook, 
and Fairbanks (1962), and Wang (1959) for studies of these phonemes). 
Only one of these studies considered rate of change of formant 
frequency in any detail, andbnly this one will be considered here 
in detail: that of Liberman, Delattre, et. 801. (1956). Using 
artificially generated speech sounds, they noticed that the second 
formant transitions can be cues for the perceived distinctions 
amongst the three classes: b-p-m, d-t-n, and g-k~. There are 
other acoustic cues, but these transition cues are very nearly 
sufficient. It would seem that it is merely neoessary for the first 
formant (F1) to traverse from a very low value to its final vowel 
position, whilst the second formant (F2) is changing. For a first 
. approximation, each of the three groups above is oharaoterised by 
an F2 transition which starts at a given frequency (the frequency 
locus) and, of course, tenninates at the following vowel F2 frequency. 
They also noted that by increasing the duration of the transition, 
a phoneme transition from a'stop, to a semivowel, to a diphthong 
is observed (e.g. b£~ WE + u6 and gct jC" .. iE). Their first 
experiment was to choose a particular frequenoy locus (1 kHz for 
I . 
the bE ~ wE.} uE group, and 2.5 kHz for the gE. ~ jt ~ ie-
group), and investigated the position of the boundaries between 
the phonemes as a function of the transition duration. The boundaries 
were in fact rather sharp (e.g. for the g£- jt set, a transition 
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of duration less than 30 ms was heard as /g£/ on 75% of the trials, 
and a duration of greater than 70 ms was heard on 7~ of the trials 
as /jf/). However, this experiment did not completely decide whether 
the discriminated parameter was the duration of the transition, 
or its rate of change. To try to resolve this problem, they~3tudied 
the effect of various terminal vowels. It was apparent from this 
experiment that transition duration was far more independent of 
the terminal vowel, than the rate of change of F2. Mattingly, 
Liberman, et.al. (1969) showed that the sharp discrimination boundary 
for F2 transitions was not observed when the transition was not in 
a speech context. Results of Ainsworth (1968 a and b) do not show 
~ evidence that stops or semivowels are discriminated with the 
aid of a measure of rate of change of F2. Pick (~ee appendix A.1.2) 
has investigated the perception of the semivowels: waj raJ and ya, 
but has found no convincing evidence for a FM detector being used 
for the discrimination. 
A few other studies have been made which are particularly 
concerned with speech transitions as a perceptual parameter. Some 
examples will be given. Cmistovich (1968) was principal~ concerned 
with an investigation of the direction of the transition. In the 
first experiment reported, she investigated how the glottal frequency 
of a one formant vowel and the centre frequency of a preceding 
noise band interact to form a perceived consonant-vowel combination. 
She found that if the noise centre frequency was greater than the 
glottal frequency, then /m/ + vowel was perceived. Otherwise, 
the consonant per~eived was /b/. In her second experiment, Chistovich 
again used the noise burst + vowel paradigm, but this time investigated 
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the interaction of the noise band centre frequency, and the vowel 
F1 (again a one formant vowel was used). Vfuen the vowel F1 was 
greater than the noise centre frequency, /p/ + vowel was perceived. 
Otherwise, the consonant perceived was /t/. 
Suzuki (1971) investigated what he called the 'mutually 
complementa~ effect between the amount and rate of formant change 
in the perception of speech-like sounds'. In the first experiment, 
Suzuki generated two successive artificial /a/ sounds, separated 
b~ a 100 ms gap. During this gap, only one formant was present: 
F1. This formant changed from the vowel frequency to zero, and 
after a period of time at zero frequency returned to the vowel 
frequency at the end of the gap. The absolute value of the transition 
rate was the same for the increasing, and decreasing formant transitions. 
As the transition duration was increased, the perceived sound changed 
as follows: jabal, /awa/~ /aua/, and /aaa/. By va~ing the duration 
of the inter-vowel gap, he determined that the perception of the stop 
consonant was influenced by the rate of frequency change, independent 
of the gap duration. Perception of semivowels and diphthongs was, 
on the contra~,influenced by both the gap duration and the rate 
of frequency change. If the rate of upward frequency transition 
was different from the downward transition, then the upward transition 
had the greater influence on the perceived vowel. By increasing 
the rate, the extent of frequency change required to switch identif-
ication of a consonant was,reduced. From the results of these 
experiments, Suzuki devised and tested a rule for the generation 
of these phonemes in continuous speech. 
-~-
Stevens and Klatt (1971) investigated the role of formant 
transitions in the voiced-voicedless distinction for stops. They 
synthesised the stops Ida/ and Ita/ by a 20 ms fricative burst, 
followed by a 20 ms aspirated period, followed by a voiced vowel. 
During the fricative burst, both F1 and F2 were held constant at 
about 100 and 2000 Hz respectively. Then during the first part 
of the aspiration, the formant changed to 200 Haz and 1.5 kHZ 
respectively for F1 and F2, and then the formant changed during 
the next 20 ms to the vowel position. The voicing onset time (VOT) 
and the rate of change of the formant transition during the early part 
of aspiration could be independently adjusted. For a given formant 
transition rate, the VOT was adjusted to determine the bounda~ 
between /da/ and /ta/. For low formant rates, the hypothesis' 
that the discrimination bounda~ was at a constant voiced transition 
duration held. Whilst, for high formant rates the discrimination 
boundary tends to be one of constant VOTe 
Experiments involving the perceptibility of flutter in 
speech (as induced by a periodically va~ing speed, tape drive 
motor), and the intelligibility of fluttered speech might have 
some significance for the perception of frequency transitions 
in speech. Comerci (1955) has studied the perceptibility of flutter. 
For speech flutter rates of less than 5 Hz the flutter could not 
be detected, at the maximum flutter extent possible with Comerci's 
apparatus, i.e. 5%. However, above a 5 Hz flutter rate, the flutter 
became suddenly perceptible at extents of about O.~ (between 
rates of 5 and 50 HZ). Flutter had a similar effect on both male 
and female ~oices. Darnall and Birch (1964) studied the effect 
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of sinusoidally fre~uency shifting speech (by a hetero~ne process). 
Speech intelligibility was hardly affected by shifting the frequency 
for a modulation extent of ± 50 Hz, but was progressively affected 
by increasing extents thereafter (up to the maximum extent of 
± 250 Hz tested). As a function of modulation rate, there was 
a marked reduction in intelligibility about a rate of 2 Hz (to 
an extent of about 55% intelligibility for an extent of modulation 
of ± 250 Hz). For rates of less tmn 0.5 lIz and greater than 
16 Hz intelligibility was better than 90%. These results might 
possibly be related to the adaptation to FM reported by Kay and 
Matthews (1972) for rates in the region of 8 Hz; or possibly 
it is related to the important dynamic parameters specific to 
speech (delayed auditor,y feedback is most effective for delays 
of about 0.2 s (see Smith (1962». 
1.2.3. FM AND MUSIC 
It has long been known, that the beauty of vocal and 
instrumental musio is enhanced by the existence of vibrato (periodic 
frequency and amplitude modulation of low rate and extent). The 
vibrAto has reached its present almost universal use in much 
of western music only fairly recently, but, as Seashore (1938) 
notes, primitive peoples exhibit the viprato in acceptable form 
when singing with genuine feeling, and it may appear early in 
. childhood. In vibrato, the FM component is generally the more 
pronounced: (when the AlJ component is more pronounced, then the 
ornament is known as tremolo (although the distinction is somewhat 
confused». Seashore has reported an extensive investigation 
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of vibrato. He re~rted optimum vibrato to have a rate of 6-6.5 Hz, 
and an extent of 0.25 to 0.5 of a tone. It may readily be tested 
that to perceive the musical effect of the vibrato, one does 
not need to perceive the temporal fluctuations. Seashore stated 
that "the desirability of the .vibrato is attested by the universality 
of its use, its survival in conflict with precision, and its place 
in tone quality". One is tempted to suggest that the reduction 
in the need for precision might be one of the motives for generating 
vibrato. Although little studied, it must be noted that apart 
from its role in musio, vibrato is also present in emotional 
speech. This, rather than for music, might be a stronger indioation 
of the need to develop a feature detector for vibrato. 
Corso and Lewis (1950) have conducted a psychological 
experiment investigating the preferred rate and extent of the 
frequency vibrato. The stimulus used in this stu~ was a frequency-
modulated harmonic signal (low-pass filtered square-wave). In 
general, musicians preferred a lower extent and rate than the 
non-musicians. On average, the preferred rate was 6.5 Hz, and 
the preferred extent: 0.25 tones. Kuttner (1963), by and large, 
concurred with these results, adding that extents of 6-15% were 
objectionable (i.e. approximately 0.5 to 1 musical tone). 
Zwicker and Spindler (1953) investigated the effect of 
increasing the intensity of harmonics on the audibility of frequency 
vibrato of two simultaneouSl~resented sounds of equal harmonic 
j 
content, but pitch separated by a musical interval. In the 
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musical context, the two sounds would be generated by a pair of 
instruments (only one ~f the sounds was frequency-modulated). 
The harmonics were added to the signal with the aid of a non-
linear network, which could be adjusted to provide quadratia, 
or cubic distortion of varying degrees. Intermodulation products 
were also generated, as the distortion was applied after the 
two sounds were added together. They found that for most intervals, 
even moderate degrees of distortion reduced the minimum perceptible 
extent. Above a certain degree of distortion, vibrato suddenly 
became perceptible, even at extremely low extents (because of 
beats between adjacent spectral components of the distortion). 
The amount of distortion at this break point fell with increasing 
sound level. For some subjects, at a given sound level, the 
degree of distortion necessary at the break point was considerably 
lower for cubic distortion, than for quadratic. The authors 
suggested that different degrees of internal distortion were 
responsible for these inter- subject differences. 
Madsen, Edmonsen, and Madsen (1969) have investigated 
the time taken to detect the direction of modulation of a slowly 
m 
modulated unidirectional FM st¥us, and its relationship to 
age and musical training. The initial frequency was 370 Hz and 
modulation was at a rate of ± 2 cents/s e The ability to make 
a rapid discrimination improved with age and musical training. 
Neustadt (1965) investigated the click perceived when 
a musical tone makes an abrupt and fairly large frequency change 
(this effect is sometimes absent in wind instruments). He noted 
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that the click was not heard if the amplitude was reduced during 
the time of the transition. He suggested that the effect could 
probab~ be explained by considering the auditory system as a 
spectral analyser. 
1 .2.4. FM IN CLINICAL AUDIOLOG.y 
Certain types of acoustic neurinoma are typified by a 
unilateral very rapid adaptation to a tone. This results in a 
disproportionate loss in speech discrimination in comparison 
to the measured auditory threshold, as measured using tone bursts 
(and nC,t continuous tones). Dallos and Tillman (1966) investigated 
the parameters of the tone burst train, in their affect on the 
threshold of such a patient, and also examined the effect of 
using a sawtooth modulated FM tone as the test stimulus. They 
found that by determining the threshold for various parameters 
of the modulating function and the carrier frequency, they could 
rapidly determine the nature of the auditory defect. These 
techniques have been extended by Young and Harbert (1970) using 
sinusoidal modulation. The field of warble-tone audiometry has 
been reviewed by Staab and Rintelmann (1972). 
1.3. WORKING HYPOTHESIS FOR THE THESIS 
The working hypothesis which is adopted in the experiments 
to be reported in this dissertation is that Fil! detecting mechanisms 
exist within the human auditory system, and that the threshold 
for FM (in some sense) is limited by the response of these detectors, 
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and not by the more peripheral parts of the auditory system. 
Subjectively, this hypothesis would seem reasonable; for when 
one listens for a tone embedded in noise, one varies the frequency 
if possible in order better to detect the tone. In general, 
in these experiments, the threshold for detecting the FM sienal 
embedded in noise will be investigated (cf. Suga's results for 
the inferior colliculus of bats). The hypothesis will be tested 
by comparing the empirical threshold results with those expected 
in the absence of FM detectors. If the empirical threshold is 
significantly higher, or lower than one would otherwise expect, 
then one might suggest that this difference is due to a limitation 
of a central FM detector. 
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A,1 • APPENDIX TO CHAPTER ONE 
A.1 .1 • PRELIMINARY SURVEY OF FREQUENCY TRANSITIONS IN CAT VOCALISATIONS 
A preliminary investigation was made into typical audiograms 
of cat utterances (this investigation was made with the technical 
assistance of Mr. Allan Jones). Audiograms of 36 cat utterances 
were examined, of which Fig. 1.1 is a typical example (figure 
prepared by Dr. E.F. Evans, from a sonogram made by the author). 
Some of the utterances were obtained with the tape recorder 
left running in the Department of Qommunication animal house, 
together with the six cats (2 males, 4 females), and so could 
not readily be associated with behaviour (although it is note-
worthy that very fe~ utterances were made during the (daytime) 
hours while the cats were alone (and apparently awake); and those 
utterances which were then made, could often be associated with 
sounds of humans, or other animal activity, outside the animal 
house (e.g. a barking dog»)., The cats were individually caged, 
but could see each other. Some other recordings were evoked 
from the cats by 1~. Jones, and these could be associated with 
frightened, aggressive, or mating behaviour. From the many utterances, 
36 were chosen as typical, after replaying, and relistening to 
the tape. (It is of passing interest in providing an indication 
that vocal inter-species communication is used by cats, that 
on replaying the tape to the cats, the only sounds which evoked 
any great behavioural 'interest', was the recording of female 
mating squeals (Fig. 1.1 is an example), which even then only 
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Fig . 1.1. Spectrogram of female cat mating 8~ueal, showing relatively 
simple harmonic composition and smooth transition of frequency. 
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Fig. 1.2. Histogram of frequenoy transitions as a funotion of their 
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Figo 1.3. Re-analysis of the data presented in Figo 102. Abscissa 
now presented on a logarithmio scale. Upper figure: decreasing frequenoy 
transitions 0 Lower figure: increasing frequency transitions. 
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stood up, and paced his cage with ears pricked. This response 
was repeated on a futther replay on the following day). From 
the 36 utterances, sonograms were made, and from these, 174 frequency 
transitions could be discerned. Of the transitions, 79 were of 
increasing frequency, and 95 were of decreasing frequency. 
It was noted that long duration frequency changes were almost 
invariably downwards (and of slow frequency transition rate) as 
noted by Watanabe and Oghushi (1968). The formant transitions 
were quantified in terms of the rate of change of frequency, in 
octaves per second, of the harmonics of the excitation function. 
No strong independent formant structure to the utterances could 
be discerned in the majority of the samples. These results are 
summarised, in part, in Figs. 1.2 and 1.3. The median rates of 
change of frequency were -1.18 and 2.61 octls for deareasing 
and increasing frequency transitions, respectively. There is 
some indication that for both inct~asingand decreasing frequency 
changes, there exists a bimodal distribution for rate of change 
when plotted on a logarithmic axis. 
A.1.2. INVESTIGATION OF THE DISCRIMINATION OF SEI.lIVOWELS 
This investigation of the. discrimination of the perception 
of the semivowel~vowel combination: wa-ra-ya, made use of the 
apparatus, and much of the computer program and experimental techniques 
designed and built by Drs. W.A. Ainsworth, and J.B, 1lillar. 
This technique is described in Ainsworth (1971). In a given 
experimental run, both the F2 locus, and the transition duration 
were varied, randomly presenting the 64 experimental sounds, corresponding 
to an 8 X 8 matrix of F2 locus, and transition 
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duration. The stimuli were generated by a computer-controlled, 
parallel-formant, terminal-analog speech synthesiser of the type 
described by Holmes, Uattingley, and Shearme (1964). All other 
parameters except the two variables were set at the values found 
optimal by Ainsworth (1968a). Each combination of F2 locus, and 
the transition duration was presented to the seven subjects on 
three occasions (on three separate days). The subjects were required 
to respond that the stimulus sounded like: /wa/, /ra/, /ya/, 
or 'something else'. The boundaries for the discrimination of 
the semivowels is presented in Fig. 1.4, on the transition duration-
F2 locus plane. These boundaries . 'represent those areas wi thin 
which over ~ of the responses were for that semivowel. It would 
seem from this result that rate of change of F2 is not an important 
if' rlt ~ S'fec',fy i N'j t:£ f' hem e.",e. bOllNd 0. ri e s 
parameter,( This view was confirmed in preliminary experiments 
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Fig. 104. Seoond formant discrimination plane for the discrimination 
of' the semiuowels /w/, /r/, and /y/, followed by the vowel/ a/. 
Shaded areas indicate that 50% of the stimuli presented with that 
parameter pair were responded to as the given semivowel. All other 
stimulus parameters used were as ohosen as optimum in Ainsworth(1968a) . 
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APPARATUS AND EXPERIMENTAL TECHNIQUE 
Much of the apparatus and the techniques used in the work 
to be reported in this dissertation is common to ma~ of the 
experiments described. Hence, in order not to detract from the 
0.' main argument in a I>articular experimeri~ report, the main techniques 
and the apparatus used will be described in this section and 
this description will be referred to in the discussion of a~ 
specific experiment. 
2. 1. APPARATUS 
The apparatus configuration used in ma~ experiments 
is shown in Fig. 2.1. Two major stimulus types were used, namely, 
a unidirectionally frequency-modulated tone, and a stimulus 
consisting of noise added to a delayed version of itself, the 
the delay of which was modulated (hence producing a pitch modulation~. 
This latter stimulus will be referred to as noise-plus-delayed-
noise, or, in abbreviated form, n + dn. 
The n + dn stimulus was obtained using a pair of pseudo-
random noise generators. The relative delay between the outputs 
of the two generators was modulated by a controlling network. 
(The basic· outline of this method of signal generation was suggested 
by Dr. J.P. Wilson). 
The design of pseudo-random noise generators is adequately 
described in the literature (e.g. see Korn (1966) Sections 4.9-4.12, 
(l) ~ 
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and Davies (1966», and so only the essential detaUs will be 
desoribed here. A blook diagram of the pseudo-random noise 
generator used is shown in Fig. 2.2(a). The generator oonsists 
of an n-stage shift register whioh is tapped at two or more 
points along its leIl8th; these tappings being oonneot8d,' to·,the 
inputs of a modulo-2 operator logic network. The output of this 
network is fed baok to the input of the shift register. The 
logic network is suoh that it oonverts these inputs into a series 
of binar,y digits at its output, whioh by ~ tests are statistic~ 
independent of the shift register output. The register output 
is also statistio~ independent of the last (2n - 2) output 
binar,y digits of the register. The binar.y state of the oomplete 
shift register repeats itself after (2D - 1) olock pulses. 
The autocorrelation function and power speotrum, together with 
a t,ypical sample of the waveform are shown in Fig. 2.2(b), (c), 
and (d). It should be noted that the abscissa of the power 
spectrum is drawn with a linear frequency scale. The important 
signal parameters are determined b,y the number of stages in the 
shift register, n, and the shift register clock frequenoy, 
1/~. For the noise generator used in the present experiments, 
D = 20, and 1/4t = 27~.0 ±. 0.2 kHI. Thus, the waveform repeats 
itself at approximatelY 4 s intervals. Hence, & useful source 
of noise is available for signals of duration shorter than this.-
--------------------------------
* If the noise is allowed to run continuously, the repeti tiona 
are easily perceived: one rhythmic pattern coming to the fore, 
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Fig. 2.2. (a) Basic la.yout of 
apparatus for generating delay-
modulated n + dn stimuli. 
B1, .0., B20 = 20 stage shift 
register. 
(b) Waveform from a single 
pseudo-r~ndom noise generator, 
showing random variation of 
period in multiples of the 
clock period, ~t. 
(c) Autocorrelation function of the output of a single pseudo-
random noise generator. n = number of stages on the shift register. 
(d) Power spectrum of output from a single1pseudo-random noise 
generator. 
«b), (c), and (d) based on figures in Korn (1966». 
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The chosen signal parameters ensure that the noise has a flat 
power speotrum, to within a fraotion ot a dB, inside the audible 
range. It may be shown that if the waveform is filtered by a 
suitable low-pass tilter (with a time oonstant much greater 
than At) then the time-sampled amplitude distribution is gaussian 
(see Korn (1966». However, the higher order statistical distributions 
(digram, trigram, eto.) are not neoessari~ gaussian. Julesz 
and Guttman (1965) have shown that the auditor,y system can disoriminate 
between stimuli whioh ditter o~ in their seoond order statistiOal 
properties, al thoue;h not for higher order properties. In this 
study, the random variable was the frequenoy, or the amplitude 
ot a disrete tone burst sequency. Pollack (1969, 1970), however, 
baa shown that there is apparently no fixed upper limit to the 
order of statistioal properties whioh oan be disoriminated in 
oomparison experiments, when the inter-pulse interval of a 
pulse train is used as the random variable: a more similar 
signal to pseudo-random noise than tbat ot Julesz and Guttman. 
Henoe it would appear the. t pseudo-random noise might not in all 
oases be treated in the same way &8 true gauaaian noise by the 
auditory system. However, simple Oomparisons showed tint there 
was no ditferenoe in the results obtained using the two types 
ot noise in masking experiments. 
The reason tor using pseudo-random noise, rather than 
gaussian noise, in theBe experimenta ia that the relative delay 
between two identical such noise sources can be preois~ modulated 
in a fairly easy manner. A method which has been used for generating 
auoh a noise is to use a tape recorder, with a pair of replay 
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heads; the position along the length ot the tape trom which one 
of these replays is adjustable with respect to the other (see, 
tor exaaple, Wilson (1~67, 1~70), and Bilsen (1~68». It would 
have been possible to use a servomotor to drive this variable 
position head, in order to modulate the del~; however, it was 
telt that this would not be as accurate as the method adopted, 
which was easi~ adaptable to oomputer oontrol. As Fig. 2.2 
shOws, the del~ ot the lower shitt register is controlled by 
a logio netUrk, which, in turn, ~ be oontrolled by a digital 
oomputer. When the shitt register reset line is pulsed, then 
the output of both shift registers is synchronised. To introduce 
a delay into the lower shift register, olook pulses are removed 
trom the pulle train to that shitt register. By simultaneously 
applying a pattern ot pulses to the logio network, between 1 
and 16 pulses ban be inhibited by' a single computer oommand. 
For example, it 16',pulses are inhibited, then an increase in 
del~ ot 16 :z: At seconds will result. It it is desired to reduce 
the del~ ot the lower shift register, then, in a similar manner, 
up to 16 pulses ~ be added to the olock train to the lower 
shift register by' a single instruction frOli. the oOlllputer (i.e. the 
olock frequenoy tor the shift register is doubled for a oertain 
time). In this way the del~ between the two noise sources 
'IDA'Y be oontrolled, the minimum delay quantum be1Dc the olook 
period, i.e. about 3.7 fS. 
Care should be taken when using a pseudo-random noise 
signal as a stimulus, that the same signal wavetorm is not 
presented to the subject on more than one oooasion. Otherwise 
~esults might be oonfounded by the properties ot that partioular 
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noise sample. Indeed, experiments of Pf'atfiin and Mathews (1966) 
and Pf'atrlin (1968) have shown that oertain reproduoible samples 
of white noise are more effective at masking a tone than others 
(in this oase both the noise and tone were of 96 ms duration). 
Piok undertook a similar stu~ using the above-described noise 
sources. These experiments showed that two identioal samples 
of pseudo-random noise oould be disoriminated trom two different 
samples, although the disorimination was not ver,y good (d' less 
than 0.5). 
For the generation of frequenoy-modulated tones a 
1. Wavetek vq.,tage oontrolled generator, type 111 was used, the 
modulating funotion being generated by the PDP-B oomputer, via 
a D/A oonverter. 
The amplitude of each signal ohannel could be independentl3' 
modulated using amplitude modulators (see Fig. 2.1), the modulating 
tunction being oontrolled by tive bits generated by the computer. 
These bits were then oonverted to an analog signal and the output 
fro. this oonversion was time-multiplexed between the two amplitude 
modulators. (Ttme-multiplexing had to be resorted to because 
of a shortage of conveniently available output channels from the 
oo.puter). The signal at the output ot the modulator. were then 
mixed, and amplified by a Radford )(A.15 power amplifier (specially 
moditied to drive eleotrostatio headphones). The amplitude modulators 
were also used to shape the onset and offset ot the stimulus 
burst. Except where stated otherwise, the shaping tunction was 
exponential, and the onset and oftset times were set at approximately 
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5 ms. The stimulus was presented to the subJeot via headphones, 
either monaurally or binaurally, in a sound-proof booth (built 
atter a design by Thornton (1967». Two t,ypes of headphones 
were used: electro statio headphones (designed by Wilson (1968» 
tor those experiaents using wide-band signals, and Sharpe HA10 
headphones (with glyoerine tilled ear oushions) were otherwise 
used. The electro statio headphones had an extremely smooth 
amplitude spectrum, together with no sharp phase irregularities, 
and so were ideal tor use with wide band signals. However, 
they had the disadvantage that they were acoustically transparent, 
, 
and so had little atte~ating affect on ambient no~se, and allowed 
aome air-borne transfer ot sound from one ear to the other in 
aonaural experiments. 
The responae box used by the 8~bJect was the push~button, 
box associated with the 338 CRT display of the PDPS oomputer. 
Thia oonsist. of two rows, eaoh with 6 push-buttons. When a 
button is depreaaed, it is illuminated. The button oan also 
be illuminated independently under oomputer oontrol. These 
lamps were used to provide stimulus onset oues, and teedback 
to the subJeot. 
Two main types of oomputer-oontrolled experimental 
designs were used. One waa a oonventional two-alternative torced 
ohoioe (2AFC) experiment, in whioh one from a set ot stimulus 
levels was presented at random to the subject. The signal was 
presented during one ot the two stimulus time interval, ,and the 
other oontained a neutral stimulus. The order ot presentation ot 
the two intervals was randomised from trial to trial. The subject's 
task was to deoide and respGlnd to whioh ot the two intervals 
oontained the signal (a desoription of this method is given in 
Green and Swets (1966) pp ~3-~5). The psyohometrio funotion 
is oonstructed trom the subject's results, and the level at 
which the subject responds with a given peroentage oorreot (usua!l1 
76%, i.e. d' = 1) is interpolated from this. The other experimental 
method employed was the PEST adaptive technique. 
2,2,1, PEST PSYCHOPHYSICAL PROCEDURE 
The PEST prooedure was first desoribed by T~lor and 
Creelman (1967). (PEST is an aoro!\YDl trom farameter !stimation 
bY' §.equential lesting). The general strategy ot PEST is to 
reduce the stimulus level if the subjeot is responding with a 
greater percentage correct than that desired, and increase it 
tor a les.er, untU the stimulus level at whioh the subject 
responda oorreotly on the desired proportion ot trials is attained. 
The procedure consists ot two subroutines, name~: WALD and 
PEST. WALD oonsist. ot a sequential likelihood-ratio test 
(as desoribed by Wald (1~7) pp 88-105). The operation of this 
test is easier to desoribe with the aid ot an example (see Fig. 2.,). 
In this example, it is desired that the subJeot respond correctly 
to 66% of the stimuli presented. The task that WALD performs 
is to proTide a deoision as to whether the .ubjeot i. responding 
Nu mber of correct responses (cu mulotive) 
-
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Figo 2.3. Illustration of the operation of the WALD sequential 
likelihood-ratio test. 
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oorreotly on too m&QY or too few trials, and to do this with 
a given oonfidenoe level and a minimum number of trials (i.e. 
max~mi8e effioiency). Atter each response of the 8ubJeot, the 
desired number ot oorreot responses is oomputed (the oontinuou8, 
straight line in Fig. 2.3), and the 'oonfidenoe limit' about 
that point is also oomputed. It the aoommLlated oorreot respo.mses 
of the subject e:xceeds the upper 'oonfidence limit', or falls 
below the lower one, then the WALD subroutine terminates and 
transfers oontrol to the PEST subroutine, oonveying its deoision 
oonoerning the direotion of level ohange. If the aooumulated 
oorreot responses is within the limits then testing is oontinued. 
Suoh a sequential testing prooedure, of oourse, makes the assumption 
that the subJeot never responds at e:x:aotly the desired percentage 
correot, oz; WALD would never transfer oontrol to PEST. To prevent 
an e:xoessive number of tests being made at a given level in 
this implementation of the program, WALD automatioally terminates 
after 40 trials at a given level, and transfers oontrol to PEST 
with a rand~ determined direotion of level ohange. The boundaries 
whioh define the 'oonfidence limits' (see Fig. 2.3) are derived 
trom a fairly complioated formula by "ald, whioh makes several 
assumptions oonoeraing the statistios of the system (e.g. a 
bimomial distribution for responses). In practioe, it is satisfaotory 








where p is the desired response probability, m is the ourrent 
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trial number, and k is some oonstant, whioh determines the 
number of responses by whioh the desired response exceeds, or 
falls below, the desired number, in'order for a WALD 'deoision' 
to be arrived at. (This simplifioation was suggested by Taylor 
and Creelman.) A value of k = 2 was found to give the moat 
repeatable thresholds. Inoreasing the value of k beyond two 
tended to make an individual threshold determination too long 
wi th ensuing ohanges in attention, eto., leading to threshold 
fluotuations. 
Onoe a decision has been arrived at by WALD, then it 
is ~ST' s task to adjust the stimulus level acoording to predeter-
mined rules.. These rules are:-
1) On every reversal of step direotion, l!t.alve the 
step size. 
2) The seoond step in a given direotion, if oalled for, 
is the same size &s the first • 
.3 ) The fourth and subaequenot steps in a g1 ven direotion 
are eaoh double the size of their predeoessor (up to a maximum 
speoified step size). 
~) Whether the third step in a given direotion is the 
same or double its predecessor depends on the sequency lea.ding 
to the moat reoent reversal. If the step immediately preceding 
the reversal was doubled then the third step is not halved, 
otherwise it is. 
An example of the applioation of these results is given 
in Fig. 2.~. PEST enters an exit subroutine when it attempts 
Stimulus 
leve l 
o 50 100 150 
Threshold 
,...----4--- l eve l 
200 Triol Number 
Fig . 2 . 4 . Illustration of the operation of the PEST psychophysi cal 
technique . Change s of threshold level are initiated by the WALD 
subrou tine . 
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to halve some minimum specified step size, the current stimulus 
level being assumed to be the subjeot's threshold. 
In most oases the minimum step size was adjusted to 1 dB 
(this being the minimum step size instrumentally possible in 
most oases) in the region of levels around the subject's assumed 
threshold. The amplitude modulator provides a signal with a 
logari thmio ohange in level over only a small part of its range, 
the function tending to linearity at higher levels. There are a 
total of 32 intensity steps available. As Fig. 2.4 indioates, 
WALD remains at the same level for a considerable number of trials 
when the signal level is close to the subject's threshold. 
However, preliminary experiments showed tmt the subject's threshold 
tended to rise if he were required to respond for maqy trials 
close to threshold. This was apparently because the subject 
lost his abilit,y to detect the stimulus. This led to considerable 
oscillation about the threshold, and eventual~ led to FEST 
indioating a misleadingly high threshold. It also led to the 
threshold determination taking much more time than ncrmal to 
reach threshold, with the ensuing variabili t,y in threshold 
values. To counter this, an e'asily detected signal was inserted 
after every tenth PEST generated signal. The response to this 
signal was not recorded, but it an incorrect response was made, 
then the easily detected signal was repeated. If a threshold 
determination took more time than 30 minutes to complete, then 
that threshold attempt was terminated. On average, a threshold 
determination took approximately 15 minutes. Experience showed 
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that thresholds obtained from long duration experiments were 
not reliable. A fault inherent in PEST whioh has been noted 
Ho.. .... ~ (r£t"~oNo..l 
by ~other user (. CA:>;;"'",v,,;c.ltr:o-.JJ is that PEST is not very 
tolerant of short periods during whioh the subJeot is not responding 
at a level whioh one would expeot from his previous responses 
at the same level (e.g. during periods in whioh he loses attention). 
This problem W8.8 not oompletely solved in the present usage, 
but, in order to reduoe its effeot, the 8ubJeot was allowed 
to respond by pres8ing a speoial button if he felt that he was 
not attending to the signal. It the subjeot pressed this button, 
then he was re-presented with the signal (the stimulus order 
was re-randomised in a two-interval experiment). This· placed some 
responsibllit,y on the subjeot, for if he used this button exces8ively, 
then the measured thre8hold would probably be too low. However, 
oooasional monitoring showed that the facility was not abused. 
To illustrate the detrimental effeots of a 108s of attention 
80me example8 will be given. If the desired response rate is 
75% and k = 1 then, immediately following a level ohange, only 
two oonseoutive inoorreot responses are required before WALD 
indicates that a level increase is called for. When k = 2 then 
this number increases to three. However, to reo over the original 
level, when k = 1, requires at least seven oorreot responses, 
and at lea8t thirteen when k = 2. Changes of attention appear 
to be espeoially likely when the 8ubt).ect is close to threshold, 
and 80 this effeot oan 80metimes be extremely time-wasting. 
Another attempt to reduce the number of 'false' deteotions was 
-~-
to allow the subject to ohange his mind during the first 500 ms 
immediate~ preceding the stimulus termination. Although there 
is little or no evidence that this feature improved performance, 
it was used quite often in practice. 
2.3. COMPUTER PROGRAM FOR EXPERlMEN'l'-CONTROL 
A flow diagram which summarises the program controlling 
the experiments is shown in Fig. 2.5. This program was designed 
to have a somewhat greater flexibility for us. in a broader 
categor,y of psychophysioal experiments than those described 
in this dissertation. In the initial dialogue between the 
oomputer and experimenter, the experimenter chooses the type 
of experiment that he desires to use: PEST, simple 2AFC, same/ 
different, or yes/no (a discU8,ion and comparison of the yes/ 
no and 2AFC procedures is given in Green and Swets (1966) Ch. 2, 
together with the assumed decision mechanism operating; it is 
evident th& t ot the two types of techniques the 2.A1'C type is 
. 
the more informative about the under~ing sensor,y processes). 
It the experimenter chooses the PEST techn1tue, then the PEST 
initialisation parameters are requested:-
1) The 'barget!.p~roentage correct. This was generally 
set 76% i.e. d' • 1, in a 2AFC experiment (Swats (19~) P 683). 
2) The' oonfidence limit' determinant, k. This was 
taken as 2 in the main experiments, and 1 in preliminary runs. 
3) The initial stimulus level. This was chosen to 
be fairly easily perceived (as suggested by Taylor and Creelman). 
.. 
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Figo 2.5. Simplified flovl diagram for experiment-control prosramo 
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4) muimum permissible step size. Taylor and Creelman 
stated that making the step size too large tended to disturb the 
subjeot. However, it was found in this study that this parameter 
had little effeot on subjeot performance, and was arbitrari~ 
ohosen as 16 times the basio quantum of step aise. 
Other initialisation parameters were 'programmed in', 
and were oonstant from run to run.lawas mentioned above, 
the minimum step size (whioh determines the stopping step size) 
was set at approximately 1 dB. In order that PEST rule (3) 
works from the start, it is neoeasar,y to assume the direotion 
of step just prior to the first trial; this was arbitrarily 
taken a8 being in the direotion ot threshold. 
If one of the other experimental techniques was used, 
then the relevant parameters for that method were entered, 
i.e. the total number ot trials to be made, and the statistioal 
distribution ot the 32 levels whioh may be used. The sampling 
is made without replaoement (see Spiegel (1961) Ch. 8). For 
example, if the stimulus distribution 1s speoified by the list 
ot numbers: Ot 0, 1, 1, 1, 2, 0, ••• , 0, then the sixth stimulu8 
level is presented twioe, whilst the third tourth and fifth 
are presented onoe, and the other stimulus levels are not presented 
at all. 
Once the experiment type has been seleoted, then the 
• 
experiment proper starts. The.program seleots a stimulus level, 
and the order of presentation is rando~ determined for a 2AFC 
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experiment j or whether the same or different stimuli should 
be presented, in the case of the same/different paradigm having 
been chosen. The stimulus is then presented. (The stimulus 
description and the method of output are described in a subroutine 
of the main program, which has to be modified in order to accommodAte 
changes in stimulus type or parameters - this might involve the 
modification of a few numbers within the subroutine, or the 
complete rewriting of the whole subroutine, depending upon how 
the external apparatus is to be controlled.) The method of stimulua 
display was similar to the 'frame' method used in the GENIE 
program desoribed by Barrow (1968) CH.~. This method presents 
the groups of stimulus parameters sequentially, in a method analogous 
to the presentation of the frames of a oine-tilm. It the subject 
presses the response button before, or during the stimulus presentation, 
then the aame prooedure is adopted as though he pressed the 
re-presentation button. During the stimulus presentation, the 
subject receives a visual oue, that is, the keys on the push 
button box are illuminated. In the 2AFC experiments, the illumination 
indioates whioh push button should be depressed, if the signal 
ooours within that interval. '!'he subject's response is reoorded, 
and if he responds during the first 500 ms (during whioh time 
he ~ change his mind) then his response time is reoorded. 
Fig. 2.6 illustrates how response \ime varies with respect to 
stimulus level in a typical simple 2AFC experiment. (In this 
oase the threshold for discriminating a 60 dB SPL n+dn stimulus 
trom 60 dB SPL white nOise, as a tunction of speotral modulation 
depth; stimulus duration 500 ms, delay 1 ms.) The most notable 
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Fig . 2. 6 . Subject response time as a function of stimulus level 
in a 2AFC stimulus par adigm. Signal : n + dn -, stimulus v~riable: 
intensity of the delayed noi se relative to the undelayed version; 
neutral stimulus : white noi se . Bars are equal to one standard 






feature is the high degree of variability of this data, but the 
trend is towards a reduction in response time for the more detectable 
signals. It seems that this subject (GFP) was responding oorreotly 
more quickly to supra-threshold signals (than when responding 
inoDrrec~). However, he took more time to respond correctly 
than incorreotly to a signal at or around the 75;~ correct threshold. 
However, response time seems of little use as a psychophysical 
measure in this stu~. Barrow (1968) used it as a test that 
the subject was responding stably (if his mean response time 
remained within given limits), but he only used it for a few 
preliminar,y experiments. (The response time subroutine, used 
in the program described" here, was taken from Barrow's GENIE 
program.) 
Feedback was presented for all experiments, although 
subject DCCR stated that he found feedback to be distracting, 
and admitted to having closed his eyes on some oooasions. This 
did not appear to affeot his results. Lukaszewski and nliott (1962) 
reported that a 2AFC prooedure produoed the lowest threshold 
(in oomparison to other prooedures) o~ if feedbaok was provided. 
The learning process was alao reported to be oompleted earlier 
when feedback was used. !he stimulua description and subject's 
response are then reoorded. Then, if the stopping oonditions 
are not" satisfied, the stimulus-response procedure is repeated. 
When the stopping oonditions are satisfied, a summar,y of relevant 
stimulua-response statistics is output and the prcgram halts. 
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2.4.. 5TIIBILUS TIMING PARADIGM 
follows:-
The timings in the oase ot a 2AFC experiment were a8 
500 ms '1'&1 t 
stimulus interYal 1 (between 60 and 500 ms) 
600 IllS wait 
stimulus interYal 2 (between 60 and 500 ms) 
response time + wait tor ohange ot mind = 500 ms (it no 
response is made after 500 ms, then no turther action is taken 
untU a response is made) 
100 ms during which teedback is presented 
the oyc1e is then repeated. 
The oyo1e is started by making an arbitrary response (whioh is 
not recorded). The timing tor other paradigms may easily be implied 
trom this. 
2.5. METHOD OF ADJUSTMENT 
Whilst the computerised technique provided accurate 
measures ot thesholds, it proved to be fairly' time-consum1ngj 
espeoially' as the oomputer was available to the author tor an 
average ot only two hours per day. This allowed an average ot 
six threshold determinations per day. It W&S also tound tba. t 
the technique (because ot the time taken) led to extreme boredom 
in the subject, and most were not willing to continue for more 
than two hours (unless exceptionally motivated). Hence, it was 
deoided that on those oooasions Where exact quantitative results 
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were not required the use ot the method ot adjustment would be 
satistactory. Indeed, a tew preliminar.y experiments showed 
that this method provided similar thresholds (o±. 2 dB) to those 
obtained trom 2AFC experiments. Threaold determination was also 
oonsiderably taster, and the subjeot tound .' hie more active 
role more interesting. Indeed the author tound that his threshold 
had not tluctuated a great deal atter six hours ot experimenting 
in one day. 
In the method ot adjustment, the subject adjusts the 
level ot the stimulus until it is at some subjectively detined 
threshold. This threshold is braoketed by approaohing it from 
supra- and sub-threshold levels, and the mean is then taken. 
(A more detailed description is given in Stevens (1951) p ~3). 
A partioular stimulus is u8uallJ' repeated several times through-
out the oourse of an experiment, and it the varianoe, or bracketing 
limits exceed a satistactar,y value then that stimUlus is repeated 
until a satistactory level is attained. In order to prevent 
the subjeot tram using the readings ot his step attenuator as 
a measure ot his threshold, a randomly determined attenuation 
was imposed upon the signal by the experimenter. Details of 
apparatus layout varied from experiment to experiment, a.nd so 
this will be given in the relevant section. 
2.6. MONITORING STIMULUS LEVEL 
Routinely, the r.m.s. value ot the eleotrioal signal 
into the headphones was used as a measure of stimulus level. 
- 60 -
This was measured using either a Bruel and KJaer type 2603 
microphone amplifier, or a Bruel and Kjaer type 2410 audio 
voltmeter. This eleotrical signal was related to the sound 
pressure level of the stimulus during oalibration, and ohecked 
after termination of the experiments. Before and after eaoh 
blook of experiments, the eleotrioal signal level was related to 
the subJeotive threshold, in order to be able to speoify the 
signal in terms of sensation level (SL). In the simple 2AFC 
experiments, a oalibration program was used, whioh allowed the 
experimenter to step through the signal levels used, by pressing 
a button on the push-button hox. In the oase of the method of 
adjustment, or PEST, the level was measured at the threshold 
alone. For modulated tone thresholds, the level of an intermediate 
frequency, oontinuous, pure tone was used. For the D+dn signal, 
the relative level of the delayed below the undelayed signal 
was measured. 
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CHAPl'ER 3. THRESHOLD FOR UNIDmECTIONAL FREQUENCY GLIDES 
3.1 , IN'l'llODUCTION AND SUMMARY 
In this chapter, the threshold for swept tones will be 
oonsidered. It will be shown that these thresholds cannot be 
explained simp~ in terms of temporal and frequency summation. 
However, when some other less well-established phenomena are .~n~ok~d, 
D&me~ the onset effect, and temporal masking eftects, then the results 
may be satisfactori13· explained. Thus it would seem that an 
FM deteotor is not conspicuous in the results reported in this 
chapter. 
As was noted in Chapter 1, unidirectional. frequency glides 
have become a useful weapon in the armour,y ot the auditor,y neuro-
phy'siologist. Suoh signals have been of more limited use in psycho-
acoustioal experiments, but it was thought that transient, 
unidirectional, frequency-modulated signals JDiaht previde more 
information about the nature of a hypothesised 1M feature detector 
than the more usual continuous sinusoidal frequency modulation, 
which are possib~ subject to adaptation effects (e.g. as shown e''Tc.4cr~1 .. :c.c.lly 
by Kay and Matthews (1972) and neuropilysiologicall.y by Whi trield 
and Evans (1966)), which might further contuse an~sis. 
Pi tah modulation is perceived as a result of ma.ny types 
of ~am1c manipulation of the signal spectrum. However, experiments 
performed by Zwioker (1956) seem to show that frequenoy-modula ted 
pure tone. are perceived in a different way to signals formed by modulation 
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of oomplex speotra. In his paper, Zwioker used the simple energy 
deteotion model, whioh has often been used to prediot the results 
of psyohoaooustioal experiments, with some degree o~ suooess. 
(Green and Swets (1966), Ch. 8 provide a fairly extensive discussion 
of such a model). As proposed by Zwicker, the model consists of 
a band-pass filter followed by a r.m.a • meter, followed by a deteoting 
meohanism. The parameters of the model are assumed to be as follows: 
the filter has a bandwidth equal to one oritioal band, 
and its oentre frequenoy is ohosen so that the fluctuations re.eived 
at the deteotor are maximal; 
the r.m.s. meter has an integration time oonstant in the 
region of 15 ms; 
and, the deteotion mechanism oan perceive fluotuations 
of the r.m.a. meter output whioh are in exoess of 1 dB. 
This model was used by Zwioker to prediot suooessfully the just 
perceptible level of modulation for a variety of signals (for 
example, the just perceptible extent of modulation of the outoff 
frequenoy of one of the frequenoy bounds of a band of noise). 
However, the model was ver.y muoh less suooessful for predioting 
the just perceptible modulation extent for sinusoidal modulation 
of the instantaneous frequency of a tone. Indeed, the just notioeable 
extent was about 5.5 times lower than that expected from the model, 
over & wide range of centre frequenoies and modulation rates. 
However, Maiwald (1967) showed that these apparently anomalous 
results for tonal F1l oould be explained, if one added a further 
non-linearity to the model. This is that the high frequenoy slope 
of the bandpass filter amplitude response is proportional to the 
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signal level at the output of the filter, in the absence of the 
non-linearit,y. Such a non-linearity is observed in tone masked 
audiograms, as a hnction of masker intenait,y. Maiwald then found 
that it was merely neoessar,y to suggest that the centre frequency of 
the band-pass filter was somewhat lower than that of the stimulus 
oentre frequency (so as to make the r.m.s. fluctuations maximal) 
in order to obtain a fairly good quantitative match to the empirical 
results. Even 80, it was thought that the use of modulated tones 
would provide a good initial stimulus type for investigation. 
Van Bergeijk has carried out rudimentar,y experiments 
similar to the ones to be desoribed here. His purpose was to test 
a suggestion of Strother (1961), who seemed to suggest that the 
trayelling wave along the basilar membrane might act in a similar 
way to the delay line of a matched filter, and thus cause a well-
specified signal to be detected. Strother's suggestion was aimed 
at explaining the echo-10cat1rlg abilities of bats, but van Bergeijk 
assumed that what was true for the cochlea of bats was also true 
for the ooohlea of man. (A description of matched filter teohnique 
is given in Schwarz (1963) pp. 136-14.5). The main advantage in 
using a matohed filter (and the reason why they are used in radar 
systems) is that they are theoretically ideal for deteoting a we11-
specified signal in noise. They suffer from the disadvantages 
of being non-linear. Van Bergeijk interpreted Strother's model 
a8 suggesting that differential delays as a fuDotion of frequency 
would oollapse a gliding tone with a given rate of ohange onto 
a single point on the }lasilar membrane. (Strother (1967) later 
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pointed out that his model was not as speoific as was construed 
by van Bergeijk, but allowed for the possibility of ever,y point 
being aotivated at the same time on the basilar membrane as the 
detection oriterion). Van Bergeijk suggested that an optimal rate 
of change of frequenoy would exist for ohanges in a given direotion; 
but no suoh optimum would exist for ohanges in the other direction. 
Hvwever, he oould find no suoh optimum of sensitivity when modulating 
between frequenoy bounds of 3 to 6 kHZ with durations of 0.75 to 
50 ms. He did find that the deoreasing frequency tone was perceived 
at a lower level than the inoreasing, but this was independent of 
rate of ohange (3 dB differenoe between thresholds for linear modulation, 
ana. 8 - 10 dB difference for the exponential modulation). Van 
Berge1jk thought that the threshold difference reflected the threshold 
of the terminal frequency bound of the glide, and was a result 
of "both well-known mas1d.ng of high by low frequencies and by temporal 
masld.ng". This explanation will be oonsidered further later in this 
ohapter. Van Bergeijk explained his negative results by suggesting 
that his original reast)lling was fallaoious, and. tba t although a real 
transport delay occurs along the length of the basilar mem.brane, 
the phase response at ~ single point of the membrane is suoh, 
that relative phase between frequency components 1s, to a large 
extent, maintained. Neurophysiologioal evidence from FI! gencratinc; 
bats also suggests that no peripheral matohed filter exists in those 
speoies whioh emit unidireotional FM bursts (e.g. see Suga (1969», 
but that at higher nervous oentres PM signals are 'oollapsed' in 
a way whioh might be thought of as analogous to that of a matched 
filter (although somewhat different to that oommon in engineering 
usage). 
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3.2, GLISSANDI BETWEEN NARROW FREQUEM::Y BOUNDS 
3.2.1. STIMULUS DESCRIPTION 
The time function generally used for the stu~ of the 
response of the auditor,y system to unidirectional frequency-modulation 
is linear (i.e. frequency proportional to time). This is true 
both of neurophysiological and psychoacouatical experiments. 
(The onlY exceptions appear to be LeWis, Corso, and Fairbank (1940) 
who used quarter-wave sinusoidal as well as linear modulating 
functions, and van Bergeijk (1964) who used exponential and linear 
modulating functions). For the present investigation, three types 
of modulating function were investigated, name1y:-
f = c t + to 
f = k log (c t + to) 
f = k / (to - 0 t) 
(forward linear) (3.1) 
(forward log) (3.2) 
(furward reoiprocal)(3.3). 
These functions all represent signals with increasing frequency. 
The equivalent funotions with decreasing frequency were also investigated:-
t = to - c t 
f = k log (to - c t) 
f = k / (0 t + to) 
(reverse linear) 
(reverse log) 
(reverse reciprocal) (3.6) 
(I) The reason for using a linear change was that this seems 
a good approximation to the formant ohanges in speeoh. This is 
especial~ true for semi vowels, and to a lesser extent for initial 
nasal, and stop consonants (e.g. see Potter, Kopp, and Kopp (1966) 
pp. 1.1-1~, 149-152, and ~245). Linear formant changes are 
generally considered to produce acceptable synthBtio speeoh (e.g. 
see Holmes, Mattingley, and Shea.rme (1964), or Liberman, De1attre, et.al. 
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(1956) ). 
(II) A logarithmic change was used because this leads to an 
approximately linear velocit,y of the maximum of the travelling 
wave envelope along a large part of the basilar membrane. Also, 
such a signal represents a linear ohange of pitch (over a frequency 
range from 1000 to 5000 Hz this holds partioularly true, (see Stevena 
and Davis (1938) p. 81», and a linear rate of ohange of frequenoy 
differenoe limina (especially in the range 500 to 1000 Hz acoording 
to results reported by Harris (1952»). 
(III) The motivation for using the reciprocal relationship is 
rather more diffuse. Suoh a function modulates peroeived pitoh 
in the same way a8 does a linear ohange of tte repetition time 
for those signals whioh evoke the so-oal1ed 'repetition pitch'. 
Linear rates ot ohange of delay for n + an stimuli will be oonsidered 
in Chapter 4-, and so a similar modulation of the pi toh of a pure 
tone, might reveal similarities, or otherwise, between the two types 
of pitoh-evoking stimuli. It might also be of some interest to oonsider 
this modulation function a8 being to some extent the oomplement 
of the logarithmic function, in a8 muoh as for the log funotion 
the rate of change i8 initiallY small, and progressively increases; 
the opposite holds tor the reoiprocal function. (In this sense 
the linear function is intermediate between the log and reoiprooal 
tunotions). Taylor (1966) showed that, for ID8J'lY signals (which are 
in some way oontinuous), and over several modalities (including 
hearing), the effeot of the past events of the signal on the present 
signal 18 proportional to the square root of the time in the past 
at whioh the signal ocourred. In order to operate linearly on 
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suoh a psychologioal. oontinuWD for unidireotional 11'14 signals, the 
signals should be varied aa a funotion of the square of time. 
This may be ver,y roug~ approximated by the reoiprooal function 
for signals inoreasing in frequency (forward reciprocal), and by 
the log tunotion far signals deoreasing in frequenoy (reverse log). 
,.2,2. APPARATUS AND METHOD 
The first set of experiments to be reported, were oarried 
out with the lower frequenoy bound in exoess of 500 Hz, and the upper 
at less than 1000 Hz. Durations between 63 and 500 me were used. 
When a masking noise was used (as was generally the oase) it was 
at a level of 60 dB SPL when measured with a flat plate ooupler 
fram one of the earphones (this was equivalent to a sensation level 
of 51.- dB). The signal wsa presented binaural.ly. The noise was 
sn tohed on oonourrently with the signal. The reason for the almost 
oonsistent use of a masking noise was to ensure that the sensitivit,y 
to ~ instantaneous frequency within the glide was roughly equal. 
Thus, variable sensitivity need not be taken into account in the 
oonaideration of the results. It is well-known that a wide-band 
noise masked audiogram is flatter than an unmasked one (results 
reported by Feldtkellr1r& Zwicker (1956) p. 25 show threshold 
increases in the region of about 2 to 3 dB / ootave in the frequency 
range over whioh the noise is effective). It was felt that it would 
be unnecessar.y to equal.ise the amplitude spectrum of the noise 
(to produoe 'pink' noise), in order to produoe a perfeotly flat 
audiogram. The PEST psychophysioAl method was used, as desoribed 
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in Chapter 2. For aqy given set of parameter values, the threshold 
was determined approximate~ five times. 
,.2.,. RESULTS 
All of the results are tabulated in detail in Tables 
3.1 (a) to (d), and for the log modulating funotion th~ are plotted 
in Fig. 3.1. The results in the tables were obtained from a single 
subjeot (GFP), as it proved that other less-motivated subjeots 
found the method extreme~ boring and did not oontinue beyond 
the first few threshold determinations. However, some oonfirmator,y 
experiments were performed using this method. Also another subjeot 
was used in an experiment using the method ot adjustment whioh 
wUl be reported later in this chapter. The reaults of the few 
additional experiments using the additional method were as follows. 
Means for three naive subjeots:-
abs. threshold for 0.7 kHz, 500 ms tone 
noise masked threshold 0.7 kHs, 500 ms tone 
11.1 dB 
38.6 dB 
noise masked glide threshold 500 to 1000 Hz, 500 ms 37.7 dB. 
For a psychoaooustical~ more sophisticated subjeot (DCCH):-
708 to1000 Hz 63 me log glide, noise masked 35.8 dB 
1000 to 708 Hz 63 ms log glide, noise masked 33.3 dB. 
The standard error in each oase was in the region of 2 dB. These 
results, as well as those reported later in this chapterJtend to 
oonfirm that, at least in its gross aspects, GFP'. hearing for 
I'M i8 in agreement with other subjects. A wid. variety of psychophysical 
experiments have shown that his hearing is normal with respeot to 
threshold, pitoh and intensive difference limina, and in the deteotion 
TABLES 3.1. (a) to (d). h Thresold in dB re arbitrary sero, and standard errors tor tonal. unidirectional. ~ 
FX a8 a tunction of frequenoy bound and duration (all glides forward, and noise masked unless otherwise stated). 
TABLE 3.1 (a). DURATION = 500 ms 
FREQUENCY BOUNDS (Ra) 
500 545 
log I 33.1.±..9 
I 






594 649 708 n2 842 919 




31.7 .±. 0.4 
log 
lin 
33.6 ~ 1.0 (unmasked 1.5 !!:. 1.3) 
33.7 .t. 0.9 
33.0 i 1.0 (unmasked 4.7 .±. 1.1) 
33.1 ~ 0.3 (uamasked 4.2 ~ 1.8) 
recip 
log tor: 31.9 .t. 0.9; rev: 29.9 ~ 1.5 
lin 35.1 ±. 0.9 














- ±. 1.3) 
.34-.4-± 0.4-
recip 
FREQUENCY BOUNDS (Hz) 
594 ~9 708 772 842 919 
32.4- ± 1.0 
31.6 ± 0.9 
log for: 33.7 ± 0.6; rev: 33.8 ±0.9 for: .34-.7 ± 1.0j rev: 33.6 ±. '1.6 






35.1 .:!:. 0.5 34-.6 ±. 0.5 
for: 35 • .3 ± 0.8; rev: .34-.6 ± 0.3 


















35.3 ±. 1.5 




FREQUENCY BOUNDS (Hz) 
649 
35.5 ±. 0.8 
34-.3 ±. 0.5 
Jlt..3 ±. 0.6 
708 772 
36.2 ±. 0.3 
36.5 ±. 0.5 
36.0 ±. 1.0 
842 919 
36.6 ± 1.2 
35.3 ±. 1.4-
36.2 ±. 0.7 
for: ~.6 ±. 1.0; rev: 34-.4-±. 0.9 for: 37.0"± 0.7; rev: 36.3 ±. 1.3 
34-.3 ±. 0.4-
34-.9 ±. 0.4 
37.3 ±. 0.6 
36.9 ±. 0.5 
for: 36.4-±. 0.8; rev: 37.0 ±. 1.2 
36.9 ±. 1.0 
37.3 ±. 0.8 
1000 Hz 
~ 




TABLE 3.1 (a). DURATION = 63 me 
FBEQUENCY BOUNDS (Hz) 
500 54-5 594- 64.9 708 TI2 
log 38.5±.0.9 36. 1.±.0. 5 i35.5,±.0.6 38.4z.1.0 to·4±0.7 36.9±,3.1 
lin 38.4+1.0 37.2±,0.9 35. 2.;t1.8 37.B±.1.0 36. 5j:,3. 2 
-
recip 37.2±,1.9 36.9±.0.8 36.5.;t2.5 36.5±,2.5 38.1.±.1.8 
log 38.O,t.1.2 37.2 .±. 1.6 40.4- ±. b.6 
lin 37.3.±. 1.2 37.7.±. 1.5 40.5 ±. 1.0 
recip 
log for: 38.0 .±. 0.4-; rev: 39.9 .±. 1.0 for: 4.2.5 ±. 0.8; 
lin 38.5 ±. 0.7 4-3.8 .±. 0.4-
reoip 
log tor: 41.0.±. 0.6; rev: 4-1.3 ±. 0.8; (for, unmasked: 






4-0.3 .±. .5 
4-0.2 .±. 1.4-
rev: 4-1.4-.±. 0.4-











of signals with oomplex speotra (see Wilson (1970». 
In order to oaloulate a theoretioal threshold for 
glides, it was neoessary to determine the subjeot's threshold for 
noise masked pure tones of various durations. These are presented 
in Pig. 3.2. 
3.2.&. DISCUSSION 
3.2.4.1. EFFECT OF MODULATING P'UNCTION 
Is there a trend towards a lower threshold for ~ of 
the modulating fUnctions? To investigate this, the method for the 
oomparison of two populations by means of paired obseI"'fations was 
used (see ~tz (1965) Ch, 8 for a description of this method). 
It beoame apparent that the following null hypothesis oannot be 
rejeoted (even at the 0.1 (10%) level): the threshold for all 
modulating tunotions are drawn from the same distribution. Speoifically, 
the results of the analysis were as follows:-
Student's t 
percentile values 
log population different from lin t K -0.56 
lin population different from reoip .~ -0.58 
reoip population different from log t: -1.47 
no. of degrees 
of freedom 
n = 13 
n = 13 
n = 13. 
A number of other hypotheses were tested; however, the null hypothesis 
oould not be rejeoted in ~ oase (again, even at the 0.1 level). 
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63 125 250 500 
Tone burst duration (i n ms) 
Fig. 3.2. Tone burst masked threshold for subject GFP as a function 
ot bwrat duration. Upper curve: absolute threshold. Lcwer curve: 
threshold in the presence of simultaneously presented 54. dB 3L 
.. hi te JD&sk/ing noi S8o 
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,lides in the range 0.5 to 0.708 kHZ 
log different from lin t = -0.94- n = 11 
lin different from reoip t = -0.51 n = 5 
reoip different from log t :: -1.79 n = 5 
glides in the range 0.708 to 1.000 k:Hs 
log different from lin t = -0.86 n = 13 
lin different from recip t = +0.14- n = 6 
rec1p different from log t :: -0.82 n = 6 
glides of duration 125 and 63 ms 
log different from lin t = -0.76 n = 17 
lin different from reoip t = -0.24- n = 10 
reoip different from log t :: -1.16 n= 10 
glldes of duration 500 and 250 ms 
log different from lin t = +0.11 n= 10 
lin different from reoip t = -0.52 n = 3 
reoip different from log t = -0.29 n = 3. 
Not all of the results reported in Tables 3.1 (a) to (d) 
we" available when this analysis was undertaken, but there is no· 
reason to belleTe that inolusion of the further results would alter 
the oonclusion drawn. 
J.2.4-,2, EFFECT OF DIRECTION OF GLIDE 
In Tiew of the results of van Bergeijk concerning the 
dependenoe of threshold on the direction of glide for humans, 
this was inTestigated in the present stud3r. The comparison is made 
:1Jl 1'1,. 3.3. for a log modulating funotion. It is apparent from 
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the tigure that differences as large as was observed by van Bergeijk 
are not present in these results. Apparently the only significant 
differenoe in threshold is for the 63 ms signal between frequency 
&(I.(..ro.o.,; _, +r«-CjlJfl,..r_1 
bounds of ;00 and 708 Hz, for whioh the - A ~ glide has a lower 
' • .,<.f<V>-s,,.., frQ.c,v¢.l\(.. 'I . . . 
threshold than the : '1\" .... : glid! (in oontradiotion to van Bergeijk's 
results). From van Bergeijk's explanation for his differential 
thresholds one would prediot that the forward glide would be perceived 
at a lower threshold almost independent of duration of glide. 
The oonditions of van Bergeijk's experiment will be oonsidered 
in more'detail later in this ohapter. 
The expeoted differential threshold for the direotion 
of glides will now be investigated. First, the properties of the 
signal will be examined. The power speotrum of a glide is obviously 
independent of the direotion of glide (only the phase response is 
ohanged). However, this only holds true when the peak amplitude 
envelope of the signal is symmetrioal with respeot to time (e.g. a 
trapesoidal gating envelope). For the present study the envelope 
ot the signal was shaped using the exponential oharging and discharging 
ot a capacitor as an amplitude modulating function. Henoe, the 
signal envelope was not exactly symmetrical. With such an envelope, 
the signal power spectrum should be skewed towards the initial 
instantaneous frequencies of the glide. This would be especially 
so tor short duration glides.-ne time oonstant for the amplitude 
modu1atiDg function used in the above series of experiment. was 
5 ms, a value whioh was Just large enough to suppress the perception 
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Fig. 3.3. Noise ma8ked threshold curves tor ubidirectiOnal tone 
glides &s & function at stimulus duration. Rate at ohange of frequency: 
2 oct / s. Parameter: direotion ot trequency change. Upper ourve: 
;00 and 708 Hz bounds; middle: 708 and 1000 lIs bounds; lower: 
500 and 1000 Its bounds. Bars indicate s.e. above and below mean; 
(Results derived trom Pig. 3.1). 
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the major portion of the energy spread at onset and offset to within 
a oritic&1 band). However, one would expeot suoh a rise time not 
great~ to affeot the power speotrum of the 63 ms glide. In ~ 
oase, the expeoted result from suoh a skewing of the speotrum would 
be to enhanoe the deteotion of deoreasing frequenoy glides, whioh 
is the opposite of the observed result. 
As the most sensitive critical band was that located 
near the high frequenoy bound of the glide, the gradual. onset / offset 
would tend to reduoe the energy presented to this band, and thus 
lead to a reduoed threshold. Indeed, it should remove more energy 
trom those signals with a faster rate of ohange of frequenoy than 
the Blower ones. Two factors oonoerning the auditory system might 
. also talce a hand in determining the trend of the ourves. These 
are temporal masking, and the non-oonstant width of the resolving 
band as a function of duration after signal onset. The effect of 
temporal. masking will be oonsidered in detail in Chapter,.. The 
latter faotor will be considered later in this seotion. The ooncept 
ot Nab.lek et. &1. (1970) for pitoh, that the excitation pattern 
at the stimulus termination is used for purposes of an~si8, might 
be extended to cover threshold. However, this would be in oonfliot 
with the theory of temporal summation, as expounded by Zwislooki (1960). 
At this stage it would be of some relevanoe to oonsider 
the Fourier power speotrum of a gliding tone. Although it has been 
the expressed au of this work to study signals whioh are resolved 
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temporally, rather than speotrally, by the auditory meohanism, in 
taot, tor any real signal the auditory system performs both funotions, 
to some extent. It is merely a matter of degree, that the signals 
that are used in this stu~ are resolved with greater weight given 
by the auditory system to temporal rather than speotral qualities. 
However, we still need to oonsider the spectral resolution. Indeed, 
it would be rather foolish to oonsider only one factor at the 
expense ot the other. Hence, for example, Shower and Biddulph (1931), 
who used a trequency-modulated signal in order to determine frequency 
difference limina, have been critioised for considering their signals 
onlY in the time domain (see for example Kock (1937) for such 
oriticism). The concept of tempero-spectral trade-off has been 
elegantly' quantified by Gabor (1 946, 1947). 
A method for determining the power spectrum of a linearly 
frequency-modulated tone is given by Gersch and Kenne~ (1960). 
The shape of the spectrum is given as a funotion of the abstracted 
parameter N *. The parameter N represents the generalised extent 
ot modulation. The curves given by Gersch and Kenne~ are reproduced 
in Pig. 3.4. These were Obtained by means of an approximation 
---------------------------------
• To help in their ~si8 Gersch and Kenne~ described the signal 
with the aid of the parameter, N. N is defined as 
2 
N = K T = fa T , 
where K = rate of ohange of frequency w.r.t. time (Hz / 15) 
T = duration of glide (15) 
and f e = extent of modulation (Hz). 
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method. A formula for determining the speotrum exact~ (both amplitude 
and phase) may be obtained from a formula given by Papoulis (1962) 
p. 165, but this requires frequent-· reoourse to tables of the 
Fresnel integrals: C(y) and S(y), in its evaluation. An attempt 
to evaluate this function with the aid of numerioally-determined 
approximations to these integrals, showed that small errors in determining 
the integral led to large errors in the resulting speotrum. For 
this reason, the disoussion of the speotrum will be limited to the 
approzimations reproduoed in Fig. 3.4. For the present purposes, 
there appeus to be three ranges of N. For N less than four, 
the speotrum has one major peak at the oentre frequenoy of the 
glide. There is a large spread of energy outside the frequency 
bounds of the glide. However, it is reasapab1e to assume that this 
spread is limited as a result of the shaped onset and offset of 
the experimental stimulus (although this attenuation of frequencies 
outside the bounds depends to some extent on the glide rate - i.e. 
less smearing outside the bounds for a faster rate of ohange of 
frequency). For N between four and eight, there are two major 
peaks to either aide of the glide oentre frequency, with an energy 
minimum in the oentre. As N inoreases beyond eight the spectrum 
tends more and more towards a reotangle, with the same bounds as the 
signal. The values of N for signals used in this experiment are 
given in Table 3.2. From this table, it will be seen that .im1y 
tor the faster of the glides will spectral analysis lead to ~ 
distortion of the sha:pe of the spectral envelope from the rectangle 
... sumed in the temporal analysis (i.e. where N is less than ei8ht). 
o Nw200 
o N 11140 
o .. DO • 
N-O 
7ig. ,.~. Numerioal approximationa of the amplitude speotrum tor 
linearlY frequenoy-modulated tones, &s & funotion of the parameter, 
N ( • t'requency extent x duration). (From Gersoh and Kennedy (1960). 










































































~.2d.4.. THE EAR AS A SP.ECTRAL ANALYSER 
Now, the properties of the ear as an auditory analyser will 
be investigated (in contrast with the properties ot an ideal Fourier 
analyser which were considered in the above section). Gersoh 
and Kenne~ (1960) have investigated the response of a spectrum 
analyser (in the form of a filter bank) to linear glides. 
This response is somewhat dependent upon the frequency response 
ot the filters used in the bank. However, Gersch and Kenne~ 
investigated a number ot filter functions in search or an ideal 
one tor resolving suoh a signal. The following is a summary ot 
their findings; which held for several of the filter functions 
investigated. 
1) For small N (approximate~ less than 2) the response 
is ver,y similar to that for a static tone with the frequency of the 
glide oentre frequency, and the glide duration. 
2) For intermediate values of N (between approximately 
two and 32), results are complicated by the existence of phase 
cancellation and reintorcement effects. According to Gersch and 
Kennedy "their consequences are ditticult to predicttt and depend 
strongly on the tilter characteristic •• 
3) For larger N, the response of the til ter bank tends 
to reflect the power spectrum of the signal. 
4) For all values ot N, tilters well outside the signal 
trequency bounds of the glide respond in almost the same way as 
the.y would to a static tone with the glide centre trequency and 
duration. 
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5) The envelope of the response of aqy filter, whose 
oentre frequency lies within the frequenoy bounds of the glide 
is a maximum some time after the instantaneous frequenoy of the 
signal has passed through the filter oentre frequency. 
The fifth point mentioned above is the only one likely 
to lead to a skewing of the analysed signal speotrum, depending 
on the direotion of glide. An investigation of this phenomenon 
using a real bandpass tUter (both the Barr and Stroud type EF2 
active tuter, and the Allisson Labs 2AB passive filter were investigated) 
showed that the akewing effeot is far less apparent for filters whose 
pass bands are outside the bounds of the sweep. Hence, there ooours 
a skewing ot the true signal spectrum, when observed through a 
tilter bank speotrum a~ser. The effeot would be that filters 
which are maximally responsive to the initial instantaneous frequencies' 
of the glide would respond with more energy than would be expected, 
at the expense of' those responsive to the instantaneous frequencies 
at the end of the glide. Thus, beoause in the auditory system 
the resolved bandwidth increases with frequenoy, one would expect 
a reduoed threshold for falling frequenoy glides, oompared with 
rising glides, for those signals with high rates of ohange. Again, 
this 18 the opposite of what is obserwed. However, in neither of 
the practioal oases whioh were oonsidered, oould a skewing of greater 
than 5 dB be observed~ 
It is of interest that the power speotra for linear glides 
used in the psychoacoustio experiments of N~be'lek, N&b~lelc, and 
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Hirsh (1970) (their Fig. 15) show a marked asymmetr.y of spectrum, 
especially for shorter duration glides (always between the same 
bounds). In their case, the analysis was performed with the aid 
of a fast Fourier transform program, and presumably was not affected 
by the above-mentioned analyser-induced skewing. It would seem 
that the reason for their skewing was the asymmetr.y of the signal 
envelope. Indeed, they did use an exponential onset and offset 
amplitude modulating functicn (with a 2 ms rise and decay time). 
Por a signal between bounds of 500 and 1000 Hz the skewing appears 
to be greatest for durations of 12 ms and less. With the rise/fall 
time 01' 5 ms used for the present experiments, one would imagine that 
this skewing effect would not be ve~ effective for signals of 
duration greater than 40 ms, i.e. not for aqy of the results described 
above. 
It seems that the auditor.y system must be investigated 
at a deeper level in order to find a reason for the lower threshold 
for torward glides, it such a difference truly exists. This will 
be done later in this dissertation. 
,,245, COMPARISON OF CALCULA.TED AND EXPEB.IllENTALLY DETERMINED 
GLIDE THRESHOLDS 
.An attempt will now be made to predict the threshold 
tor torward glides, using simple properties of the auditory system, 
derived trom its response to stea~ frequency signals, ignoring 
art3' masking, and other effects which may lead to differential 
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sensitivit,y to direction of glide. The minimal data required for 
making such a prediction are the temporal and frequency summating 
oharaoteristics of the auditor,y system. It will be noted that the results 
for the more rapid frequenoy changes in Fig. 3.1 (e.g. see Fig. 3.3) 
do not show the 200 ms temporal integration time constant which is 
shown for the steady frequency tone bursts in Fig. 3.2. This would 
indioate that the signal is being tempor_l~ integrated within each ot 
the separate critioal bands. Zwis10cld (1960) has olaimed that 
speotra1 summation is irrelevant in the study ot temporal summation; 
the signal being summated temporallY over the entire auditor,y 
bandwidth. Later work has, however, tended to refute this assertion, 
and show that over a wide range of signals and maskers (especiallY 
where signal and masker are of differing bandwidth) that both temporal 
and speotral summation need to be considered (e.g. see Schall (1962), 
and Zwioker (1965». Zwicker and Wright (1963) have shown that the 
theor,y of temporal summation may be applied to signals in the presence 
of masking noise and to supra-threshold signals. The temporal 
summation charaoteristics over the frequenoy range ot interest 
were obtained tor the subject (Fig. 3.2). As the figure indicates, 
they JIl83T adequatelY be represented by a single ourve, independen't 
of frequenoy. This curve was linearly extrapolated in order to 
obtain the threshold tor shorter duration signals than those actually 
_asured (the widening bandwidth of the signals at shorter durations, 
leads to an inorease of signal threshold above that predicted by a 
_ 3 d.B per doubling of duration straight line, but this will not 
be considered in this elementary attempt to prediot the experimental 
results). As for speotral summation: in the first part of the analysis, 
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the bandwidth over whioh summation ooours will be taken to be the 
critical bandwidth. (Quantitatively, the function of critioal 
bandwidth as a fuDction of frequenoy, as given by Soharf (1970) 
p. 162, will be used in the present oalculations). The use of a 
reotangularly-weighted sununating band, with a width of one oritical 
bandwidth, has proved. to be a useful first approximation by several 
investigators {e.g. Zwioker (1965), Soholl (1962), and Swets and 
Green (1966». The reotangular filter funotion will also be used in 
the present investigation. 
The method used to oalculate the glide threshold will be 
desoribed here; a worked example will be given in a later part of 
this ohapter. The times during whioh a glide ocoupies each ori tioal 
bandwidth is first determined (assuming that the critioal band 
til ter is rectangular, and is responsive only whilst the instantaneous 
frequenoy of the glide is within 'the oritioal band). The threshold 
tor a pure tone of tmt same duration within the oritioal band 
is then obtained from the temporal. summation curve tor tone bursts 
( or an extrapolation from it). The lowest threshold obtained 
when this is done for each of the ori tioal bands wi thin the glide 
frequenoy bounds is then taken as the glide threshold. 
This oaloulation was oarried out for the log glides only. 
The difterence between the oalculated and experimentally determined 
thresholds i8 given in Figs. 3.5 and 3.6 (the same data is presented 
in both figures, but with different absoissae: signal duration 
within the most seuitive oritical band, and the absolute value of 
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Fig. 3.5. The noise masked threshold for unidireotional tonal 



























summation, as a function of the time during whioh the glide oocupies 
one critioal band. Symbols as in Fig. 3.1 . Data same as used 
for pl~tting Fig. 3.1. 
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Figo 3. 6. The noise masked threshold for unidirectional tonal 
glide8, when compensated for the effects of spatial and temporal 
summation, ~s a funotion of the absolute value of the rate of 
change of frequency. Symbols and data as in Fig. 3. 1. 
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the rate of change of frequency (in octaves per seoond». The 
parameters in both graphs are total glide duration (represented by 
point oolour), and glide lower frequency bound (represented by 
point symbol). In the graphs, a positive value on the ordinate 
iadioates that the oalculated threshold is lower than the experimentally 
determined threshold, and vioe-versa for negative values (i.e. it 
represents experimental. minus oaloulated threshold). The agreement 
between oaloulated and experimentally determined thresholds is 
fairlp good (within about ~ 3.5 dB), but some oonsistents trends 
appear to be present. It should be remembered that some of the 
data points are subjeot to a s.e. of more than 3 dB. It seems 
that the oaloulations yield a threshold which is possibly a little 
too loll' for signals with loll' rates of ohange of frequenoy, and 
one too high for those with high rates of change. Those glides 
with greater overall duration seem to yield thresholds lower than 
calculated at lower rates of ohange than those with ahorter durations. 
There seems to be a trend for the oalculation to prediot 
a higher threshold than observed for the higher rates Dr change 
ot frequency, especially thOae ot a longer duration. It is quite 
probable that there is a greater spread of energy along the basilar 
membrane at the higher rates of change. One would have thought 
that this should have led to an increased observed threshold if 
the energy is sprea! evenly over frequency. However, as the energy 
speotra show (Fig. 3.4), the spread is suoh as to increase the energy 
in the region of the oentre frequency of the glide. Hence, one 
might expect more energy in these frequenoy regions for small N. 
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For small frequenoy deviations, only a fraction of a critical band 
is traversed, and so a~ spread of signal energy outside the frequency 
bound ~ill still be 'oaptured' by that band; Whilst for wider 
frequenoy bounds, several oritioal bandwidths are traversed and 
energy spread is lost to other oritioal bands. From this argument 
one would expeot that short duration, wide bound glides would show 
a more positive deviation from the predioted threshold, than the 
deviation for those of greater duration but with an identioal value 
of N. This is the oonverse of what is found. On the other hand, 
a more rapid rate of change would excite the analysing filter in 
a way simi&ar to an impulse, and the filter would tend to oontinue 
to ring when the instantaneous frequency of the signal is outside 
the band in question. This would lead to a lower threshold than 
oaloulated. Experimental evidence for short duration tone bursts 
(Garner (1~7» indioates that the energy spread faotor predominates 
and that threshold is higher than expected for short duration tones. 
To summarise, the st~ of ideal frequenqy glides, and 
filter bank speotral ~sers do not seem to completely reoonoile 
experimental and oaloulated results. The *rend towards a deviation 
between oaloulated and observed thresholds at higher rates of ohange 
still has not been satisfaotor~ explained; as also for the trend 
towards lower thresholds than expeoted to be observed at a given 
rate of ohange of frequency for the longer duration signals (oompared 
with those of shorter duration). For longer duration signals, the 
value of N is larger, and one should expect the opposite effect to 
that observed (for example, the maximum deviation is for a 250 me 
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glide between bounds of 500 and 1000 Hz, for whioh N. 125, whioh 
should yield an almost reotangular signal speotrum). 
Now, the non-linear temporal behaviour of the auditory 
speotral analyser system, in oomparison with a fU ter bank, will 
be examined. Suoh behaviour has been observed in the e.udi tory. system, 
and espeoiallY relevant results have ~een reported by Soholl (1962 a, 
and b),Zwioker (1965 a and b), Elliott'(1967),. and Srinivasan (1971) • 
.All of these data oan be interpreted as indioating that the frequenoy 
band over whioh speotral summation ocours is not oonstant, but that 
under oertain oircumstanoes the band is much wider than a on tioal 
bandwidth. Soholl suggested that for very ahort signals (less 
than 5 me duration) the frequency resolving power of the ear is 
effeotively non-existent, and only longer duration signals are 
speotrallY resolved (into oritioal bands). The time oonstant for 
the forme.tion of the full resolving power of the ear, after the 
signal onset, acoording to Soholl, is approximately 10 ma, for 
signals in the region of 2 kHz. The hypothesis of Soholl has been 
shown by Elliott to hold for a variety of other signals. Zwioker 
(196;), and also Zwioker and Wright (1963), however, showed that 
this hY,pothesis does not hold for all stimulus paradi6U. Their 
results show that the time-varying bandwidth effeot is only observed 
when the signal and masker have differently shaped frequenoy speotra; 
the more the .spectra differ (and espeoially With regard to bandwidth), 
the more of the 'd;ynamio sharpening' effeot is observed (a narrow 
band signal ana narrow band maslter with a different centre frequency, 
but the same bandwidth, still sholf little or no dynamio effeots). 
-88-
70r that reason, Zwioker preferred the suggestion that the phenomenon 
was associated with onset and offeet 'overshoot effec"'" within the 
auditory system. Zwioker and Fastl (1972) have further enlarged 
on the objeotions to a development of the oritical band after 
signal onset. However, an 'overshoot effeot' at signal onset and 
offset can, in ~ cases, be treated analytically as being identical 
to a developing critical band. One might have expected that any 
attempt to quasi-linearise the essentially non-linear behaviour 
of the higher auditory system (as observed neurophysiologioaUy) 
would not be generally valid. Perhaps what is being observed is 
the two auditory pathw~s reported by some neurophysiologists 
(e.g. see Gersuni (1971)). One of these pathw~s appears to respond 
quickly, but provide little information about the signal, whilst 
the other has a much longer latency, but provides a good analysis 
of the signal. Signs of a dual pathway system have been observed 
in some humans with lesions along the ~othesised fast pathway 
(e.g. see Gersuni et. al. (1971)). How would such a system, incorporating 
a time var,ying spectral summation band, affect the results of the 
present experiments? The faster rates of change would be expected 
to present a wider resolving band, and hence, those signals whioh 
traverse many critical bands would be summated at a single point 
and thus simple temporal summation would be observed, aa desoribed 
by Zwislocki (1960). s,ystLm The auditoryAwould behave as though the 
signal were a pure tone of equivalent duration and energy as the 
glide. Henoe, tor a given rate of change one would expect a 3 dB 
decrease of threshold for every doubling of duration. In tact, 
Fig. ,.1 ahows a threshold deorease of less than this (about 1.5 dB 
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for eaCh doubling cJt duration)for signals for which one would expect 
such a process to oocur, perhaps indicating the presence of some 
frequency resolution (as would be expected from the place theory 
- the gliding nature of the signal could still be perceived by the 
subject). 
However, the onset and offset shaping of the signal has 
led to some difficulty in interpreting the results. For this reason, 
further experiments were carried out using higher frequency bounds, 
thus allowing the use of a smaller time constant for onset and offset. 
l,3. GLISSANDI BETWEEN WIDE FREQUENCY BOUNDS 
,'2. It 1. APP.A1U.TUS AND METHOD 
In the following experiments reported in this chapter, 
the onset and offset time was reduoed to 2 ma. The method of adjustment 
was used, as described in Chapter 2. The layout of the apparatus 
is given in Fig. 3.7. This figure is fairly self-explanatory. 
'!'he pulse generator was set to produce a pulse apprCDdmately once 
every 700 ms. The subject was told over the 'intercom' of the 
sound-proof booth to start the threshold determination. He reported 
the threshold, when obtained, to the experimenter. The experimenter 
kept a constant monito~ of the signal using a cathode ray oscilloscope 
which ha.d a delayed time ba.se. This allowed him to monitor the period 
of the signal at onset and offset, and to carry out any runniilg 
adjustments necessary (e.g. balancing the amplitude modulator, in the 
FiS· 3.7. Appara.tus for measuring threshold for noise masked 
unidirectional tonal glides. PG + MONOestable) c AIl modular pulse 
senerator; !RIG OSC = Wa.v.tet Kodel 112 YeO (used as a triggerable 
aingl.e ramp genera. tor); VCO = Wavetet Hodel 111; MOD = amplitude 
modulator;- SHAPER = RC low-paas filter pulse shaper; ATT1, ATT2 
= .Advanoe Type .A64.A step attenuator8; NG = Dawe Type 4190 noise 
generator; SPB = &Sound-prDof booth. 
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no signal oondition (seoond VCO switohed off) with the eRO at high 
gain; in order to reduoe the onset oliok to insignifioance). 
The signal. was presented monaurally to the subjeot (left ear only). 
The subject was provided with two push-button switches, PB1, ahd 
PB2, one of which shorted out his attenuator, and the other which 
switched out the signal. The subject was enoouraged to inorement 
the signal. by 10 dB from time to time when he was near threshold 
in order to keep the signal olearly in mind. Both masked and unmasked 
thresholds were obtained fer statio and ~amic frequency signals. 
Glides were linearly frequenoy-modulated in both thr forward and 
reverse direotions. Frequenoy bounds of 1 and 2 k:tfz, and 1 and 
4- ms were investigated, with durations of 100, 50, 25, and 12.5 ma. 
Statio tones of frequency 1,2, 3, and 4- kHS were also investigated 
at these durations. Within a set of masked and unmasked threshold 
determinations, signals were presented in a randomised order. 
When masking noise was used it 11'813 'white' within the auditory range, 
and at a level of approximately 54 dB SL. The values of N (after 
Gersch and Kennedy) are shown in Table 3.3. 
'1'.ABItE 3.3. VALUES OF N FOR SIGNALS USED IN THE PRESENT EXPERIMENT 
VALUES OF N FOR FREQUENCY BOUNDS 
DURAfiON(ms) 
1 and 2 k:Hs 1 and 4 kHz 
I 100 i 300 I 100 
50 50 150 
25 25 75 
12.5 12.5 37.5 
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It will be seen from the above table, used in oonjunotion 
with Fig. 3.4, that speotral energy diverges from that contained 
within the glide bounds only for the 12.5 ms glide between bounds 
of 1 and 2 kHs, and then to no great extent. It should be noted 
that the stimulus used in this experiment was essential~ different 
from that used in the previous experiment in as much as the masking 
noise was presented continuous~ (rather than offset and onset 
conourrent with those of the signal). This might have great effects 
on any ~ic behaviour of frequency summating areas, depending 
upon how one interprets Scholl's hypothesis. That is, whether one 
suppose that the masking noise will have alrea.d3r sharpened the system 
maximally, or not. G-reen (1969) has reported results whioh indicate 
that different amounts of masking result from whether the masker 
is continuous or pulsed. However, Zwioker and Fastl (1972) have 
cast some doubt on this result. 
l.3.2. RESULTS AND DISCUSSION 
The remIts for two subjects are shown in Figs. 3.8 
ana 3.9. One subject was G-FP; and the other subject, SJJ, was 
naive to psychoacoustic experiments, but had some experience of 
being a subject in visual psychopqysics experiments. In some cases, 
in the ensuing analysis, the results for tlB two subjects have been 
pooled. However, the individual subject differences may be inferrea 
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Pig. 3.8 • Masked unidirectional tone glide threshold as a funotion 
of glide duration. Cil'Ol •• : Glide bounds 1 and 4 kHs; triangles: 
Glide bounds ot 1 and 2 kHs; oontinuous lines: deoreasing freuqnoy 
glides; dashed lines: increasiD8 frequency glides. Upper graph: 
subjeo
t
- SJJ;m1ddle graph: subjeot- GFP; lower graph: mean results 
from the 2 subjects. 
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lig. 3. 9. Unidirectional. tonal glide threshol d in the absence of 
masking noi8e . Symbols as in Fig . 3.8. Upper graph: Bubjeot- SJJ ; 
lower graph- subject- GFP. 
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'The results of" this experiment will be used as an example of". 
the method used in calculating the expected results for temporal 
and·sp~~tral summation, and thus 'compensating' the empirical results 
for these faotors. In particular this will be done f"or noise masked 
glides, between bounds of" one and two kilohertz. Table 3.4 shows 
the time during which the glide occupies each critical band. 
TABLE 3.4. TIME (IN MS) DURING WrlICH GLIDE OCCUPIES EACH CRITICAL 
BAND WITHIN CERTAIN BOUNDS. 
SIGNAL DURATION(ms) 
Critical band (kHz) 100 50 25 12.5 
1.00-1.08 8 It- 2 1 
1.08-1.'Zl 19 9.5 4.75 2.~38 
1. 'Zl-1.lt-8 ,21 10.5 5.25 2.63, 
1.48-1.72 ~ 12 6 3 
1.72-2.00 28 1lt- 7 3.5 
Using the values in this table, the expected threshold for a signal 
of a given duration may be obtained from the temporal summation 
curve for the frequency in the region of the critical band, and 
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Fig. 3.10. Noise maSked and unmasked ,thresholds tor tones as a 
runotion of tone duration. Yean results tor subjeots GFP and SJJ. 
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TABLE 3.5. CALCULATED THRESHOLDS FOR GLIDE STIMULI 
Critical band (kHZ) SIGNAL DURATION (m8) 
-r 100 50 25 12.5 . 
1.00-1.08 -1S.5 -10.S -S.S -0.6 
1.08-1.27 -21.5 -16.6 ' -11.2 ' -6.7 
1.27-1.48 -22.1 -17.3 -12.5 
-7.5 
1.48-1.72 -23.0 -18.3 -13.4 -8.5 
1.72-2.00 .~a...2 -19.4 -14.4 
.:2.:.2 
The lowest threshcld for each of the signal durations was chosen 
as that which should be expected on the ba8i8 of these elementar,y 
calculations (underlined in Table 3.5). The dif'ference between 
experimentally determined and calculated thresholds was cbtained 
and i8 plotted in Figs. 3.11, and 3.12 (constituting the 'compensated' 
threshold). It would seem from inspection of these figures that 
the divergence between experimental and calculated results is 
generated by a time constant in excess of the 2 ms used for the 
signal onset and offset. 
The noise masked threshold will be considered first. 
If Scholl's model is hypothesised to be responsible for the greater 
deviation from expected threshold for short duration signals, 
then one can make an attempt to quantitatively prediot the results 
of Fig. 3.12. After Scholl, it will be assumed that the frequency 
summating band is a function of time after signal onset, s~ 







5 10 20 2 
Time with in most sensi tive c.b. ( in ma) 
5 N OiSe: rtM ~J> 
GrFP 
I 













2 5 10 20 
Tim. wi t hin most sensitive c.b. ( In ms) 
2 10 20 








4" L I O € pdZE.C-"'- ·ON 
D"c..I2.£';:aS"IN~ 
Fig. }.12. Compensated glide threshold as a f'unoti on of the time 
within the most sensitive criti.&l band. Symbols as in Fig • . ,.8. 
Upper graph: noise masked, subject SJJ; middle graph: noise masked, 
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Fig. 3.8. 
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where t is the stea4y-state value of the frequency summating 
ss 
band (assumed to be approximately equal to the oritical bandwidth), 
f (1 + n) is the bandwidth of the system in the no signal condition 
8S 
(t = 0), and T is the time constant for the transition between 
the no signal and stea~-state conditions. The threshold, compensated 
tor spatial and temporal summation, w111 then be given by 
OOlllpensated threshold = 10 10810! _Io_t _t S_S_I-'-~ 1_:_n_= __ ( -_t_I_T_)_) _d_t ! (}.8) 
o sa 
= 10 10g10 I 
This equation is plotted, as a function of t, tor various values 
ot n and T in Fig. 3.13. It is assumed that, as a result of 8elf-
masking of the signal., the theoretical ourves may be displaced 
vertically in order to obtain the best fit (i.e. it is assumed that 
the selt-masking is fairly independ~nt of the signal rate of ohange, 
between a given frequency bounds; this assumption will be partially 
Justified by experimental results presented in Chapter 5). The 
experimentally determined points may be fitted fairly well by several 
ot the curves obtained from Equ (3.9). The best fits for the increasing 
frequenoy glide thresholds is with n = 15 and T :: 6 ms (with 4-.6 dB 
added to the theoretioal ourve); and for the deoreasing frequenoy 
glide, n = 7 J and T = 6 me (with 4-.3 dB added to the theoretical 
ou"e). The oomparison between empirioal and calculated thresholds 
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Pig. 3.14-. Comparison between empirioal and oaloulated .~2 itZrr:oJli d. ;c;pI .... "cl) 
threshold as a function of the time within the most sensitive 
oritioal band. Empirioal points fran the means of two subJeots. 
Symbols as in Fig. 3.8. Upper ourve: inoreasing frequenoy glides; 
lower ourve: deoreasing frequenoy glides. 
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would be impliei (the differences in the values of n will be discussed 
in Chapter 5). This is rather les8 than the 10 ms suggested by 
Scholl tor signals in the region of 2 kHz. However, Scholl's 
results suggest that the time constant decreases considerab~ with 
increasing frequenoy (at the highest frequency for which he provides 
results, 6 kHz, the time constant appears to be in the region of 
3 ms). Hence, these results are in approximate agreement with those 
of Scholl. 
However, strictlY speaking the curves of Fig. 3.14 are 
only valid when a wide band signal is being analysed. A widening 
of the analysing band in excess of the bandwidth of the signal' 
will not lead to a further reduotion of the compensated threshold. 
There will be an upper limit to this threshold which is defined 
by:- ~ signal energy within analyser band (c.b.) 
10 10g10 ( 
( total signal energy 
This limitation m~ be evaluated as -5.4 dB for modulation between 
bounds of 1 and 2 kHz, and -7.3 dB for bounds of 1 and 4 kHz. ot 
course, such a restriotion does not hold, if the threshold shift 
l 
is assumed to be a product of perceptual onset overshoot. However, 
unfortunately the present data is not able to resolve between the 
two ~othese8, because the above limit is not exceeded. 
The results for unmasked thresholds will now be oonsidered 
(see Fig. 3.12). These results do not show suoh a oonsistent threshold 
deore .. e tor the shorter duration signals. The most manifest difference 
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between unmasked and masked tonal thresholds is the marked dependence 
on frequency bounds for unmasked (absolute) thresholds, but much 
less so for noise masked thresholds. It is fair~ well-established 
that the neurones of the primary auditory nerve do not show any 
great time-var,ying bandwidth. For example, it is not apparent 
that the cliok-evoked PST-histogram indioates a lower Q-value than 
is shown by the oontinuous tone tuning ourve. (However, results 
of Goblick and Pfeiffer (1969) indioate that PST-histograms for 
double olioks exhibit non-linearities (or interactions) which appear 
not to be prediotable from the well-known effect of olick intensity 
on the shape of the envelope of the single oliok PST-histogram. 
Or, more explioitly, the oourse of the non-linearity, as oalculated 
trom the single-oliok induced PST-histograms as a funotion of olick 
intensity and polarity (as given by Kiang et. ale (1965) pp. 44--47 
tor unit number }00-21), is not the same as that direotly determined 
by Pfeiffer and Gobliok. However J it also appears that the two-
oliok interaction oannot easily be explained by a hypothesised 
t1me-Tarying of the bandwidth of the frequency resolving filter 
prior to the auditory nerve.) Hence, if the hypothesised • sharpening' 
is indeed the case, then it is probably at a higher level of the auditory 
system (although probably prior to that at which temporal summation 
takes place). Hence, one must aooept that the signal presented 
to the' dynamio-bandwidth' filters is weighted by the frequency-
amplitude characteristio observed in absolute threshold measurements, 
whioh are apparently a result of peripheral limitations. Therefore, 
a widening of the resolving band for glide tones in the region 
of 2 kHz at absolute threshold would lead to a reduced sign&!-
- 97 -
to-noise ratio. That could possibly be the explanation for the increased 
thresholds for short duration glide -thresholds with no noise masker, 
and also the earlier onset of this effect for signals between 
frequency bounds of 1 and 2 kHz, compared with those with bounds 
of 1 and 4- kHz. 
3,3.2.2, EFFECT OF DIRECTION OF FREQUENCY CHANGE 
In almost all cases in this experiment, the signal with 
increasing frequenoy has shown a lower threshold than that with 
decreasing frequency. This is in contradiction with the resul.ts 
of van Bergeijk. In order to check this disparity, a further experiment 
was performed using a stimulus as similar as possible to that used 
by van Bergeijk. (His experiment oould not be exaotly duplicated, 
beoause he does not describe the experimental technique in any great 
detail.) The same technique used in the last experiment was employed. 
A noise masked linear glide of duration, 50 ma, and between frequency 
bounds of three and six kilohert& was used &s signal. 54- dB SL 
white masking noise was used, as in the last experiment. The results 
again showed a lower threshold for increasing frequency glides 
oompared with deoreasing ones. QuantitativelY, the threshold 
differenoes for the four subjeots used in this experiment were: 
GJ'P 1.5 dB, SRY 0 dB, RVH 2 dB, DLC 5 dB (the latter three 
subjeots being psyohoaooustioal~ naive). An average of 2 dB lower 
threshold for inoreasing frequenoy g1ides~ As the results for 
direction of frequency glides obtained in the experiments desoribed 
in this chapter can be explained quite well as a result of temporal 
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masking (see Chapter 5), it is tempting to accept them. It might 
be suggested that the noise level used by Y&n BergeiJk was not 
sufficient to 'flatten' out the masked audiogram at the frequency 
of interest. This is in accord with van Bergeijk's own explanation of 
the results. He suggested that the glide threshold is related to 
the terminal frequenoy of the glide. The absolute threshold is 
8 to 10 dB lower at 3 kHz than at 6 kHz. However, such large 
threshold differences hold true c~ for low levels of masking noise. 
To test the above suggestion, the van Bergeijk experiment was repeated 
without the noise masker. In this experiment the same four subjects 
found the decreasing frequency glide produced a 2.5 dB lower threshAld 
(similar to the 3 dB reported by van Bergeijk). The thresholds 
for the individual subjeots showed differences of 0, 2, 3, and 5 dB. 
Hence this seems to be the reason for the differenoe between the results 
reported here, and thcse of van Bergeijk. 
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CHA?l'ER 4. PITCH MODULATION USING NOISE PLUS DELAYED NOISE STIMULI 
4.1. INTRODUCTION AND SUMMARY 
9.. 1,1. THE NOISE PLUS DELAYED NOISE STIMULUS 
In this chapter, a signal consisting of a white noise plus 
a delayed version of itself J will be considered. In partioular, 
the effeot of modulation of the delay will be studied. 
First, some of the properties of a noise plus delayed noise 
stimulus will be derived. For ~ signal N(t), to which a version 
of i tae1f, d.e1ayed by a time lit, is added. we have 
Signal = B(t) = N(t) + N(t + Ot), 
or, if the delayed version is attenuated b,y a factor, g, then 
B( t) = N( t) + g N( t + 11 t) 0 ... 1). 
Now, it DUlIiY easily be shown that the Fourier transform of eq (4.1) 
is given by 
bet) • nCt) + g EXP (-2 ~ i f~(f), 
where net) is the Fourier transform of N(t) (aee Papoulis (1962) 
p. 14). 
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Hence, bet) = net) (1 + g EXP( -21T i fAt» 
• net) (1 + 8 COS (2 1T f ~t) - g i SIN (2 1T fAt». 
By separating into its real and imaginary parts, the energy spectrum 
of bet) may be derived to be 
That is, the power spectrum of the signal, N(t), is modulated in 
frequency space by the second part of eq (4.2), the most important 
term of which is the cosine term. When N( t) is a white noise signal, 
then fn(f)/ 2 • 1, and so 
Ib(f)I 2 .1 + 82 + 2 8 COS(2 1T tAt) 
Examples of spectra evaluated from eq. (4.3) are shown in the upper 
ourve. of Fig. 4.1. These curves are plotted for g = 1. As oan 
be seen, at 80me frequenoies, the noise and delayed noise reinforoe 
to produoe twioe the energy density of N(t) and at other frequencies 
they oanoel, to produoe no energy. Indeed, this is intuitively 
quite reasonable, if one thinks of N(t) as a sinusoid. For a constant 
del~ time, at 80me frequencies the delayed signal will be in 
phase with the undel~ed signal, and so reinforce, whilst at other 
frequenoies they are in antiphase, and so oanoel out. The phase 
relationship between noise and del~ed noise will v~ for frequenoies 
between canoellation and reinforoement. Obviously, 1£ a signal 
is in exact phase, or anti-phAae, at a oertain frequency, then it 
will also be so at integer multiples ot that frequenoy. Similarly, 
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Pig. 4-.1. Examples of energy spectra for noise combined with its 
eoho. In these examples the echo is the same intensity as the 
un4elayed noise. Left hand curves: echo delay, lJ t = 1 ms. 
Right hand curves: ..6 t = 2 m.s. Upper ourves: echo added to noise. 
Lower curves: echo subtracted from noise. (Figure prepared by 















Bilsen (1968) has given a thorough historical survey at 
the ear~ reports of the effect of an echo upon the timbre ot a 
oontinuous sound. The psychoacoustics of noise plus delayed 
noise stimuli has more recently been investigated by maQy workers, 
and especially by Atal, Schroeder, and Kuttrutt (1962), Fourcin (1965), 
Wilson (1967,1970), and Bilsen (1968). Atal, Schroeder, and Kuttrutf 
measured the Just perceptible colouration for an n+dn signal. 
They did this by reducing the relative level of the delayed signal 
(i.e. g in eq. (~.1» until the stimulus beoame indistinguishable 
from white noise ot the same loudness. They measured.the just 
'etactable coloUration as a function ot the delay, Il t. They 
then went.on to use this empirioal result as a basis tor an investigation 
of the short-time analysing properties ot the ear. They said 
that the perception of colouration is limited by the fact that 
the ear haa available only a short sample ot the past signal 
over which to carry out a spectral analysis at any one time. 
Hence, the spectral an~aia cannot provide as precise information 
about the signal apec~rum as a Fourier analyser. They then went 
on to detine a threshold level tor the ratio ot peaks to dips in 
the short-time spectrum in order to just detect colouration. 
They used the empirical results, in order to eValuate the spectrwn 
of the tilters which would be needed in a filter bank in order 
to provide the necessary short-time spectral analysis. They noted 
that the bandwidth of such a til ter would have to be very narrow 
(about 10 Hz) and so suggested that the ana~si8 was undertaken 
in the time-domain, wi thin a ahort-time autocorrelator. However, 
the analysis at Atal, Schroeder, and Kuttrutt appears to ignore 
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the faot that the auditory analyser does not use filters whioh 
have a oonstant bandwidth as a funotion of frequenoy. This, together 
with the more recent demonstration that differen~ frequency regions 
of the auditory analyser are responsible for the perception of 
n+@ signals with different values of delay, tends to put Atal, et. al.' s 
analytioal results into question. Bilsen (1968) has further 
examined the model suggested by Atal, et. al. For the simple 
n+@ stimulus he felt that the results did not favour either a 
place or periodioity theory of hearing. However, he then went 
on to investigate the oolouration of a noise signal with multiple 
• echos' (the time, At, between each • eoho' being oonstant). 
He increased the level of an unoorrelated masking noise until the 
oolouration became impereeptible. Using this method, Bilsen found 
that for the autooorrelation model of deteotion, the short-time 
weighting function was much less dependent upon the relative level 
of the eoho, g, and the delay time, 6. t, than for the place model. 
Bewever, there are two objeotions to Bilsen's analysis. The first, 
and most important, is that Bilsen investigated only those signal.s 
whioh had a fairly high value of 6t (greater than 30 ms). Such 
stimuli have very little pitoh, and the periodicity in the signal. 
is fairly eYident. Henoe, it is not very surprising that such 
signals may best be analYsed in the time domain. The second 
objeotion is that it is quite possible that at different levelior 
the unoorrelated masking noise, '.' . different frequency regions 
of the auditory system become dominant for the anaJ.ysia of the 
stimulus (due to the greater effect of the masking noise in the 
region which would otherwise be dominant). 
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Fourcin (1965), Wilson (1967), and Bilsen (1968) have investigated 
the pitch of n+dn stimuli. This pitoh is equivalent to the frequency 
of the first spectral peak (i.e. 1 / At), although subjects often 
make octave errors when matching the pitoh with that of a pure 
tone. This result would perhaps be expeoted, both on an extended 
plaoe, and on a periodicity theory of pitch. However, when the 
del~d noise was subtraoted from the undelayed noise, then the 
pi toh is not so easily explained. This signal inverts the phase 
of the oosine term of the speotrum function of eq. (4.2). Two 
examples of the spectrum for the inverted case are shown in the 
lower half of Fig. ~.1. One would expeot from elementar,y plaoe 
theory a ohange of pitoh of the order of a musioal fifth upwards, 
or an octave downwards. From the elementary periodioity theory, 
one would expeot no pitoh ohange at all. In fact, Fouroin found 
that the pitch of suoh a stimulus was 1.1~ times that of the pitoh 
tor the n+dn stilllulus of the same delay, and Bilsen found that the 
pitoh was matohed to two frequenoies, 1.1~ and 0.87 times the pitoh 
of the n+dn stimulus of the same delay. Wilson (1967) reported 
that the relative pitoh shift was not oonstant as a funotion of 
t§, but ranged from 1.06 for j,t = 25 ms, to 1.2 for 4t = 1 ma. 
Both Fouroin and Bilsen appear to favour a periodioi ty theory 
for pitch deteotion, although Fouroin modifies this by stating 
that the results might indio ate the simultaneous operation of 
two mediating meohanisms. Bilsen oommitted himself more fi~ 
to a periodioity theory, and suggested that the differenoe in pitoh 
was a result of the differenoe in the time after stimulation to 
the first positive maximum as a result of positive and negative 
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impulsive stimulation of the auditory bandpass filter in the 
frequenoy region dominant for the analysis of that periodioity. 
Wilson, on the other hand, has tended to favour an extended place 
theory for explaining the pitch in the inverted oase. This theory 
is thoroug~ expounded in Wilson (197'). Essentially, it is a 
pattern recognition theory of pitoh, which postulates that the 
ear attempts to determine the most suitable fundamental frequency 
for any signal whioh is presented to it (providing that the peaks 
and dips in the signal spectrum oan be spectrally resolved by 
the ear). As Wilson points out, suoh a model seems more attractive 
than an autooorrelation model for several reasons, perhaps the most 
important being:-
1) results of Houtsma and Goldstein (1972) have indicated 
a central locus for the generation of the pitoh of the residue. 
In particular, they presented diohotioally two higher oonsecutive 
harmonics of a harmonio signal to the subjeot, who could then 
perceive the pitoh of the fundamental. This indicates a more central 
locus for generation of the residue pitch than would be required 
for the optimum maintenanoe of periodicity information. 
2) the dominant regions for the percreption of the pitoh 
of harmonio stimuli appears to be in a region wi thin whioh the ear 
oan still easily resolve the components of the signal spectrum. 
As Wilson points out, much ingenuity has been ex eraised 
in devising stimulus situations in whioh 80me temporal. feature 
exists without a spectral oorrelate. At least one of these stimulus 
situations, that Wilson mentions, the pitoh of pulsed noise, may 
be explained on the basis of the looal speotral oorrelations at the 
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output of a short-time spectral analyser. This explanation relies 
on the fact that at any time the response of a spectral an~ser 
to white noise is not so uniform as a funotion of frequency as the 
signal spectrum would indicate. However, the other stimuli mentioned 
by Wilson, namely some dichotic pitch phenomena (Cramer and Huggins 
(1958), Fouroin (1970)), and the sweep tone effect in mistuned 
oonsonances (Plomp (1967)), are more difficult to explain in terms 
of a place theor,y for pitch. 
It is probably true to say that little or no neurophYsio1-
ogioal evidenoe has been found within the auditor,y system to suggest 
an autocorrelation mechanism, whereas a simple place mechanism 
is easily demonstrated. At some higher neural levels, multiple 
peaked tuning curves are ocoasionally observed. These might 
possibly have some relevance to a speotral pattern recognition 
mechanism. 
b..1.2. SUBJECTIVE ATTRIBUTES OF A MODULATED DELlY SIGNAL 
The stimulus to be used in the experiments to be reported 
in this chapter is an n+dn signal, the delay of which is modulated 
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as a funotion of time. In partioular, the relative level of the 
del~ed signal, g, for the perception of the modulation, and the 
the peroeption of oolouration will be investigated. 
When the delay is oontinuously modulated at a low rate 
(for example, using a triangle funotion, as shown in Fig. 4.2), 
and for high values of the relative level of the delayed signal, 
g, then the modulation is easily perceived as a pitoh modulation. 
Henoe, the stimulus may easily be disoriminated from both unmodulated 
n+dn, and white noise stimuli. As g 1s reduoed, the modulation 
beoomes less and less peroeptible, until a level is reaohed at whioh 
the periodio modulation just oannot be heard. However, the signal 
is still heard as ooloured, and oan be discriminated from white 
noise. It has a pitoh approximately equal .to that of, a statio 
rw-dn signal wi th a delay .. .qUal.:· t. ·:that or' the mean delay of the 
<%Ynamio signal. However, this pitoh is usually not as ,strong as 
that of the statio signal with the same value of g. The threshold 
at whioh perception ot periodio modulation is just lost will be 
referred to as the periodio fluotuation threshold (or fluotuation 
threshold in abbreviated form). As the value of g is further 
reduoed, the oolouration percept eventually beoomes lost, and the 
signal then becomes indistinguishable from whit. noise. The threshold 
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at whioh this ooours will be referred to as the colouration threshold. 
It.1 .3. INTRODUCTORY SU:::ARY 
In this ohapter, the periodio fluotuation, and oolouration 
thresholds will be considered. It will be shown that the 
periodio fluotuation threshold is more in line with the dynamios 
of the ear as a frequenoy analyser, and is quantitatively 
inoouaistent with the short-time autooorrelator meohanism proposed 
by Bilsen (1968). More difficulty is found in explaining the colouration 
threshold in terms of a plaoe theo~; however, the oonoept that the 
signal speotrum is integrated over time, together with the oonoept 
of speotral dominance provide a fairly good explanation of the 
results. When the oolouration threshold for unidirectional 
glides of delay was investigated, it was noted that the threshold 
was different for glides whioh differed only in the sign of the 
rate of ohange of delay. This threshold differenoe was qualitatively 
explained in terms of temporal masking. 
lb,2"L PERIODIC FLUCTUATION THRESHOLD 
lt12,1. APPARATUS ,AND METHOD 
The periodio fluotuation threshold was investigated using 
a noise plus delayed noise stimulus, whose delay was oontinuously 
modulated about a given mean delay, acoording to a triangle modulating 
funotion (see Fig. 4.2). The three parameters speoifying the 
Pig. 4.2 Defining the terminology used in many of the threshold 
determination experiments: showing the modulation of del~ as a 



















Fig. 4.3. Apparatus used for the generation of the stimuli used 
in the experiments reported in sections 4.2, and 4.3, for the 
determination o. the periodic fluctuation, and colouration thresholds. 
PDPS = oomputer + stimulus generating equipment of Fig. 2.1, AMP • 
Radford MA15 power amplifier, AVM = B & K t,ype ~10 Audio Voltmeter, 
PB = oomputer push-button box, ATT1, ATT2 = Advance Type A64A 
step attenuators, SPB = sound-proofed Booth. 
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function modulating delay time are defined in the figure. They 
are: 
the mean delay, D (in ms), 
the modulation rate, R (in modulation cyc1es/s, or, 
tor convenience, Hz), 
and, the relative modulation extent, Er (in percentage). 
A computer program was written which was used to control the apparatus 
described in Fig. 4.3, in order to present the noise and de1~ed 
noise with any triad ot dynamic parameters of delay. The program 
was so written that the type of stimulus displayed to the subject 
depended upon which of three push-buttons was depressed (on the 
push-button-box associated with the computer). The subject could 
ct' .... r~ v"....,d..>IC\l-"cJ sf-; ... &..llu'.:i 
listen to either the modulated delay stimu1usi~ or to white noise 
(of the same sound pressure level as the other two stimuli). 
The control of the push-buttons was placed in the hands of the 
subject. The experimental technique used was the method of adjustment 
as described in Section 2.5. The subject was asked to adjust the 
level of the del~ed noise until he had bracketed the point at 
which the periodic temporal fluctuations just disappeared. Onoe 
the threshold had been bracketed, the subject adjusted his attenuator 
to the (arithmetic) mean in decibels between the bracketed levels, 
and the reported to the experimenter that he had found a threshold. 
The experimenter then measured the level of the de1~ed noise on 
the audio voltmeter by opening the switch 81. He also checked 
and noted the level of the unde~ed noise by opening switch S2, 
and closing S1. The subject was encouraged, When close to threshold, 
to compare the dynamic and static delay signals , in order to more 
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olose~ define his threshold. This oomparison helped to distinguish 
between periodioities due to the signal modulation, and illusory 
fluctuations due to the statistioal nature of the noise. It was 
also found to be useful to oompare the signal at threshold with one 
10 dB above threshold for the same reason. If the undelayed noise 
level had drifted, then this was reset to a level whioh was known 
to provide approximate~ 60 dB SPL (54 dB SL) at the headphone 
(as measured using a oondenser miorophone and flat plate ooupler 
in olose proximity to the headphone plate). In ~ experimental 
series, it was unusual for this level to drift by more than ± 1 dB. 
During the same experimental trial, both periodio fluotuation 
threshold and oolouration threshold were obtained. The method 
will be desoribed here, and the results for the oolouration threshold 
will be desoribed in Seotion 4.4. At the periodio fluotuation 
threshold the subjeot was asked to bracket the delayed signal level 
at whioh the dynamio signal and the statio signal with delay, D, 
beoame indistinguishable. For the oolouration threshold, the 
oomparison was made between the dynamio signal and white noise. 
The sequential order of presentation of stimuli during a run was 
randomised. The dynamio parameters of the stimuli were permutated 
from the following: mean delay: 0.2, 0.5, 1, 2, 5, 10, 20. 'ms; 
modulation rate: 0.5, 1, 2, 5, 10, 20, 40 HI; and relative modulation 
extent: 0.2, 2, 20, and 200%. For reasons of eoono~, and of 
instrumental and program defioienoies, not all oombinations at the 
higher and lower rates of ohange of delay were investigated. 
Some of the lower rates of ohange of delay were investigated more 
olose~ using another teohnique, and other subjeots, and will be 
described in Seotion 4.3. In the experiments here desoribed, o~ 
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one subject, GFP, was used. Each threshold value was determined as 
the mean of at least three trials, within at least two experimental 
sessions. Where excessive deviation was apparent within results 
for a given parameter triad, the experiment was repeated until 
a satisfactory oonsistency was obtained. 
ft.2.2. RESULTS AND DISCUSSION 
The results are given in Tables 4.1 (a) - (d). Dashes 
indicate that at those parameter values, thresholds could not be 
obtained, because it was not possible to generate that particular 
stimulus. 
TABLES 4-.1 (a) - (d). VALUES 0"1 PERIODIC FLUCTUATION THRESHOLDS 
(THE RELATIVE LEVEL OF THE DELAYED SIGNAL IN DB), AT VARIOUS 
VAWES OF THE DYNA::IC PARAMETERS. 
TABLE 4-.1 (a). 
Er = O.~ 













D (in ms) 
2 • 5 . 10 '20 
- -
-8.8 -4.8 
-3.8 -3.8 -2.3 -4.4 
-().7 -().9 -4.8 -6.5 




TABLE 4-.1 (b). 
E :: 2%. 
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T.A.BLE 4-.1 ( c ) • 
E ::~. 
r 
















. -1.8 ~11.0 
- -
-0.5 -13.4-
-4.2 -5.3 -18.3 -19.7 
-5.3 -3.0 -9.1 -9.9 
- -
-8.6 -7.1 
-14-.0 -9.9 -3.9 -4-.5 
D (in ma) 
0.2 0.5 1 2 
. 
-
-5.2 -20.7 -21.1 -24.7 
... 20.0 -19.1 -22.8 -26.6 
-16.8 -22.8 -21.4- -26.8 
-12.3 -18,5 -21.0 -21.4-
-14-.0 -18.8 -22.9 -14-.6 
-13.5 -18.2 -23.6 -16.9 
-15.3 -15.1 -15.0 -15.7 
5 10 20 
I . . 
-2.6 -12.2 -2.8 
.. 19.9 ;-16.8 , -1.6 
-14-.8 -12.3 -6.8 
-7.3 -8.1 -9.5 
-10.4- -8.0 -6.9 
-7.8 -7.8 -4-.0 
-2.2 -3.0 -1.6 
5 10 20 
-Z1.3 -19.9 -15.5 
-21.4- -10.8 -7.4-
-20.6 -12.4- -10.1 
" 






TABLE 4.1 (d). 
E =~. r 













(mean standard error: 2.1 dB) 
I 
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The three parameter values required to define each signal 
present some problems in graphical presentation of the results 
in a meaningful lIay. This is especially true if one considers 
that the parameters chosen might not be those of greatest relevance 
to the perceptual processes under investigation. Certain transformations 
of the parameters chosen, migh t be of greater physiological/psycho-
physical significance (e.g. true extent of modulation (in ~s), 
instead of relative extent (in %); rate of change of instantaneous 
pitoh, instead of R; eto. However, the parameters used have some 
advantages. They have a close oorrespondence to those parameters 
whioh are normally used to specity sinusoidally frequency-modulated 
tones, and for that case these parameter specifioations have some 
relevance to the pnysioal description of the signal (and also 
apparently in the psychop~sical description (see Feldtkeller and 
Zwicker (1956) Ch 3), although the relatige extent seems to be more 
important than the absolute extent only for higher carrier frequencies). 
Relative extent lias used instead of absolute extent in the present 
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Fig. 4.4 (e) - (g). (e) R = 10 HZ, (t) R = 20 Hz, (g) R = 40 Hz. 
Fig. ~.6 (a) - (c). Periodic fluctuation threshold as a function 
of the mean delay, D. Parameter: modulation extent, E • 
r 
Note 
that the minimum value of threshold varies as a function of D. 
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Fig. 4.5 (a) .; (c). Periodic fluctuation threshold as a function 
of modulation rate, R. Parameter: modulation extent, E. Note 
r 
that their is no consistent 3 dB down point over the range of R 
oonsidered. 








_.-.......... ... . -.-.-.... . 
... . -.-. 
0 -2 ms 
















I 2 5 10 20 40 





_0- 0 . "2. 




,..... 8 \ 
.. ,. \\ 0 v 0 N • 0 ~N '" .... N \.II N 0 I-
0 ffi 
/\ :l: ! a: 
,~ i It) IIJ . \ ~ I \ i \ a: i / z . \ ! \ 0 
I \ X· ; l-N C I I -' · I ~ 
· I 8 I I 














'. on 6 
0 .. CZ) N CD 0 .. CZ) 
I "'i "T N N N I I 
(1,80 Nil 010HS3~H.1 NOWfn.1:>n1.:1 
Fig. 4.5 (g). D = 20 ma . 
- 113 -
study, as it was thought a-priori that a Feohner type of law might 
be the one most likely to refleot the behaviour of the auditory 
system. However, some of the parameter transformations which 
might be of physiologioal/psychop~sical significance will be 
oonsidered later in the discussion. 
The results have first been plotted as a funotion of the 
various parameters in Fig. ~.~~.6. 
b,,2.2.1, THE EfFECT OF THE RELATIVE EXTENT OF MODULATION (E;d (FIG. ,..4) 
As one would expect, in general, the greater the extent, 
II 
the lower the tEeshold for peroeiving periodio f1uotuations beoomes. 
However, this is by no means always the case. In maqy cases the 
threshold for E = 2cx.J% is higher than that for E = 2q~. This 
r r 
holds especially true for the midd1e values of D: 1, 2, 5, and 
10 ms, and at lower values of R (for R = 1, 2, and 5 Hz it is apparent 
for some values of D). Qualitatively, there is a feasible explanation 
for such behaviour •. This explanation is in terms of temporal masking, 
"in the frequency domain. The instantaneous spectrum of the signal 
is a cosine funotion of frequency, and so, when the wavelength of 
this cosine function is modulated, then, no matter what the modulation 
extent is, there will always be some peake of the cosine funotion 
which have been occupied by other peaks of the function at some 
other time during the modulation oycle, so long as the modulated 
n+dn spectrum extends to a sufficiently high frequency. It may 
be shown that 
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n = 0.5 + (100/E ) 
r 
where entier (n) and entier (n+1) are the values of the 
lowest two peak numbers at which such temporal interaction can 
occur (temporal masking in this connection will be discussed at 
greater length in Section 4-. 2.2.2). It may be seen that for higher 
values ot E
r
, the peak number, at which such interaction occurs, 
decreases until, when Er = 200%, temporal interaction between spectral 
peaks oocurs at all trequencies. ot course, no matter what the 
modulation extent is, any. peak interacrts with itself twioe during 
the modulation oyole (although the • amount' ot the intera.ction 
depends strogly on R, if one assumes that temporal masking decreases 
as a function ot the time separating signal. and masker). It is 
plain trom eq (4-.4-) that practioally no inter-peak masking will 
ooour within the auditory range when E = 0.2 and ~{, whilst for 
r 
E = 20% it ooours for all spectral peaks above and including 
r 
peak number 5. Hence, if spectral peak 5, or higher, is important 
in providing information about the signal modulation, then one 
would expeot that for E = 20% the periodio fluctuations would not 
r 
be peroeived so well as they would it a lower peak were of more 
importanoe. For E = 20cf0 one would expect a higher threshold 
r 
than would otherwise have been supposed, independent of the peak 
number to which the auditory system is most sensitive (although the 
peak number tor maximum sensitivity might well determine the magnitude 
ot the threshold elevation). Now, it is known that for high 
values of delay the lower number spectral peaks are not ot great 
importanoe for perceiving the pitoh of a static n+dn stimulu8 
(e.g. see Wilson (1970). For the kighest value of delay investigated 
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by WUson, 20 ma, the dominant peak number is approximately peak 
number 10 (GFP acted as a subjeot in these experiments of Wilson). 
Henoe one would expeot that only at the very lOll8est delays would 
inter-peak temporal masking have aqy increased effeot when E = 20%. 
r 
However, one would expeot oonsiderable temporal masking of one 
peak by another when Er = 2OCf/o no matter what the dominant peak 
number is. This would seem to be reflected in Fig. ~.~. The 
improvement in threshold when Er is increased from 2Wo to ~~ 
is muoh less than would be expected a-priori. However one also 
notices that the threshold reduction is not as great between E = ~ 
r 
and 2Q% for high D than for the lower values of D, within the region 
D := 1 to 20 ms. This might be explained by the apparent growing 
importance (through speotral dominanoe) of the higher peak numbers 
tor lower values of D. However, it oould equally represeat the 
excursions of instantaneous delay to values whioh are less sensitive 
for the peroeption of oolouraticn of the statio n+dn signal (whioh 
would also explain a similar reduotion in the threshold differenoe 
as D is reduced below 1 ms). Bilsen (1968) and Atal et. ale (1962) 
showed a minimal oolouration threshold for a 5 me statio n+dn stimulus. 
A preliminar,y experiment showed that GFP showed a oolouration 
thre;old as a funotion of the static delay similar in shape to ,. 
that published by Bilsen, and Atal, et. al, although displaced 
below these by approximately 1~ dB. However, Bilsen' 8 results 
show a range of about 7 dB for the three subjeots tested and one 
of about 5 dB depending upon the experimental method (whether the 
experiment was designed to deteot the just detectable oolouration, 
or the just detectable pitoh - curiously the threshold for the 
detection of pitoh is lower than that for oolouration). In the 
author's experiments, the subject was required to bracket the 
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colouration threshold using the method of adjustment. The difference 
between the thresholds produced by the different methods at low 
values of D might be a result of the faot that GFP used an n+dn 
stimulus whioh covered the whole auditor,y range, whilst Bilsen 
f;Jtti '""" low-pan A his stimulus with a 4 k:Hs cutoff. 
U there is any integration time, weighted in favour 
of more recent events, in the perception of the colouration of 
the dynamic signal, then the signal at the outer bounds of the 
instantaneous delay should have more effeot, than would otherwise 
be thought, in comparison with the integrated signal when the 
instantaneous delay is in the region of D. Wilson (1970) showed 
that oolouration threshold in an n+dn signal with static delay 
is minimum for signals of duration greater than about 200 ma. 
This would partiallY compensate for the lack of sensitivity to 
the instantaneous signal at the bounds of the instantaneous delay. 
When one examines quantitatively the threshold level of the delayed 
signal for the perception of colouration in Btktic- signals, as a 
funotion of delay, then one notes that for delays of 0.2 and 20 ms 
the threshold is about 4 and 6 dB respectivelY above that for the 
lowest threshold signal with 5 me delay. One would expeot that changes 
in threshold between E = ~ and 20,10, as a function of D, should 
r 
be less than 6 dB (certainly in the range 0.5 to 10 me). Temporal 
integrative effects should enhanoe the importanoe of the bounds, 
and thus perhaps inorease the importance of the bound to which 
the subJeot is most sensitive. However, such an explanation cannot 
aooount for such effects as the increase in threshold when E is 
r 
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increased from 2% to 2QS tor R = 1 Hz, D = 10 11.8. It is probably 
the case that the effect of increasing Er from 2Ofo to ~~ is most 
easily explained in terms of temporal masking. 
Next, rate of modulation, R, rather than mean delay, D, 
will be considered as the parameter tor the periodic fluctuation 
threshold as a function of E, As was mentioned before, the higher 
r 
the value of R, the greater is the inorease in threshold for E = 20~, 
r 
and also to a less noticeable extent tor E = 201~. This again 
r 
may be qualitativelY understood from a oonsideration of temporal 
masking. The higher the rate, then the more rapidly do neighboring 
peaks interaot, and thus the time interval between signal and masker 
is reduoed, and henoe the temporal masking will increase. 
4.2.2.2. INVESTIGATION IDF TEMPORAL MASKING 
Perhaps at this point it might be oonvenient to deviate 
from the main disoussion of the results, and oonsider in aore 
quantitative terms the effect of temporal masking upon the signal 
under investigation. Al though no attempt will be made to model 
known psyohophysical results exaotly, suoh a study might well 
provide greater insights into the meohanisms responsible for the 
results prese _nted. It will be assumed that the amount of masking 
varies as a simple exponentially deoa1ing function of the time 
between the signal. and masker, i. e. 
Mf = III. EXP (-At / t f ), 4t)O, (forward masking) (4.5) 
and, lla, = III. ElP ( At I ~), At( 0, (backward masking) (4.6) 
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where Mf , fI1, are the forward and backward masking (respeotive1,.) 
of a'signal temporal~ separated from the masker by a time interval, 
..6 t. I is the masker intensity. m t f , '\ are the time oonstants 
for forward and backward masking, respeotively. An exponential 
funotion does not fi~ the known course of temporal masking well, 
but it will be sat1sfactor,y for a first approximation (a sum of 
two exponentials produces a better fit e.g. see Elliott (1962». 
Many psyohophysioa1 results would indicate that backward masking 
does not behave in a linear manner. For example, results of Elliott 
(19~) showed that masker duration had no signifioant effect on 
the amount of masking (using a white noise masker, and a tone 
burst probe). Elliott asoribed this to the importance of the signal 
onset in relation to the oontinuous part of the signal. However, 
in the e8sentia1~ oontinuous signal being used in the present 
study, onset effeots might be thought of as of far less importance 
than in experiments using burst maskers. Results of Pollack (1964) 
indioate that baclcward and forwa.rd masking do not linearly summate 
(e.g. because there is some interaction between the masking meohanisms). 
However, as a first approximation, for the purposes of this stu~, 
linearity of a given type of masking will be assumed, although 
the effect of bao~ and forward masking will be oonsidered 
8epa.rate~. It will also be assumed that there is no spread 
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of masking over frequency (i.e. a masker at a particular instantaneous 
frequenoy affeots o~ that given instantaneous frequency). 
Although this is not striotly the oase, the ear not being a perfeot 
frequenoy analyser, results of the present study for backward 
masking (Chapter 5), and of Zwislooki and Pirodda (1952) for 
forward masking would indicate that speotral seleotivity for temporal 
masking is not muoh worse than that indioated by simultaneous 
masking. A phenomenon of backward masking whioh might also be 
relevant and has been inoluded in the present oaloulations, is 
that a tonal masker is more effeotive in backward masking a tonal 
signal of a somewhat higher frequenoy than the masker frequenoy, 
than a signal of the same frequenoy as the masker. The multiplying 
ratio between the two frequenoies is generally between 1.2 and 1.6. 
This phenomenon is discussed at length in Chapter 5. Also in 
Chapter 5, some evidenoe is presented whioh suggests that this 
phenomenon extends to oover the oase of oomplex masking signals. 
On the basis of the above assumptions, one m~ mathematioally 
speoify the amount of temporal masking at any time, t. 
For forward m sking:-
t 
Mf(f,t) = J x1~f, (t-tau)~ EX? ( - tau I t f ) d(tau) (4.7) 
-rjl 
and for 'backward masking:-
f\(t,t) = If Xi (f/k), tau]. EXP «t-tau)/~) d(tau) (4.8), 
where f is the frequenoy of interest, k is the ratio separating 
the most effeotively baokward masked frequenoy from the maaker 
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trequenoy, and xi (t,t) is the instantaneous component ot the input 
signal at frequenoy t, and time t. 
Suoh funotions have been evaluated tor the present 
signal with a variety ot values for the parameters: D, E , and R. 
r 
The time constants for the course ot baokward and torward masking, 
~ and t:f' were both assumed to be 10 ms, and the :factor k was 
assumed to be 1.2. The evaluations (undertaken numerioally) 
are shown in Fig •• 4.8~.11. The abscissa gives the phase over 
a single oycle o:f modulation, and the ordinate represents the 
level ot masking (in dB) relative to the instantaneous signal 
level at the trequency for whioh evaluation is undertaken. 
The parameter in eaoh graph is the frequency of various peak 
numbers of a signal ot mean delay, D. It would seem that for 
D = 1 ms, and E == ~ (Figs. 4.9 and 4.11), that there is a greater 
r 
inorease in masking as a function of peak number (averaged over 
the oomplete modulation oyole) tor R == 20 Hz than for R = 1 Hz. 
The large peak of masking at halt way through the modulation cyole 
represents a filling-in of the signal ~um at the :frequenoy 
in question. For Er = 2Qo}b, masking is great (over the whole 
modula.tion oyole) almost independent ot peak number. It would 
seem that masking is somewhat less at higher values ot R. Although 
not shown, very little torward masking onura at the speotral peaks 
for Er = 0.2{o and 210. The level of masking is about -6 dB independent 
of the time through the modulation oyole, or ot any other parameter. 
The amount of baokward masking, although more variable, is very 
small at peaks of the signal speotrum. This small value is almost 
oomplete~ a result ot intera.otion looal~, and not between suooessive 
peaks. 
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4.2,2,3. EFFECT OF MODULATION RATE, R (Fig. 4.5) 
One might expect, by analogy with results for frequency 
modulation of tones, that very little change in threshold will 
result from inoreasing the value of R from 0.5 to 40 Hz (e.g. see 
'eldtkeller and Zwioker (1956) their Figs. 9.4-9.6); the only 
deviation from an approximate zero slope being a slight minimum 
in the thre shold. curVG <1. t ~ :no(~".ll.'l t ion rate of approximately 4 Hz. 
Admittedly, there are oonsiderable differenoes between the two 
methods and types of threshold determination. Feldtkeller and 
Zwioker uaed a sinusoidal modulating funotion, whilst in the present 
stu~ the funotion modulating pitoh is a somewhat more oomplioated 
funotion. More importantly there were oonsiderable differenoes 
in the method used for defining threshold. Zwioker and Feldtkeller 
used the peroeptible modulation extent threshold, whils~ the present 
stu~, of oourse, used the periodic fluctuation threshold, at a 
oonstant modulation extent. The results presented in Fig. 4.5 
indeed show little oonsistent variations of threshold as a funotion 
of modulation rate, and oertai~ only few results show a minimum 
at R = 5 Hz. 11 There is, however, a general trend ift ~ ourves 
for an inorease in threshold as modulation rate is inoreased 
(but not muoh greater than 5 dB increase in threshold for eaoh 
decade increase in modulation rate). It would 8eea that there 
i8 little further that m~ be extracted from the results about 
the effect of modulation rate at this stage. The range of R 
oODsidered, would seem to be one over whioh the fre,uenoy response 
is fairly oODstant. Presumably, there will be, outside of the range 
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of R oonsidered, a threshold increase for both very high and very 
low modulation rates. At very low modula.tion rates one would 
expect the fluctuations to become imperceptible because of the 
finite 'memory' of the system for pitch (except perhaps for those 
few individuals adept at making absolute pitch judgements), especially 
if the comparison static signal has a delay equal to the instantaneous 
delay of the ~amic signal. At very high modulation rates one 
should eventually exceed the rate of information transmission 
limitation ot the auditory system. 
4.2.2.4. EFFECT OF MEAN DELAY, D (Fig. 4.6) 
The general effect ohserved in the ourves of Fig. 4.6 
is much as one would expect. Threshold is generally highest for 
the extremea of mean delay, and at a minimum at some intermediate 
value of D. This would be expected from considerations of the 
threshold for static signals as a function of delay. However, 
a less expected result is the value of D at minimum threshold as 
a function of R. This is shown in Fig. 4.7. The effect is seen 
most clearly for E =~, possibly somewhat less so for E = 20;', 
r r 
and not at all for E = 200%. Not enough results are available 
r 
to make an estimate of threshold minimum for Er = O.~. The figure 
shows that the position of the minimum changes in the direction 
of lower values of D, as R increases. 
Presumably, as R"is a purely temporal parameter, then 
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Fig. 4.7. Value of the mean delay, D, at which the periodic fluctuation 
threshold is minimum as a funotion of the modulation rate, R. 
Parameter: modulation extent: E. Note that for higher modulation r 
rates, the position of the minimum deoreases. This is espec1~ 




observed effect. Therefore, it would be reasonable to consider 
the effeot of temporal masking at this stage. However, other 
explanations might also be entertained, for example, that the 
places (in the terms of the 'place' theor,y) at which the spectrum 
is detected for different values of D have different sensitivities 
for modulation rate. However, such an explanantion, if pursued, 
calls into question quantitative results describing some fair~ 
well-established concepts, such as that of critical bands (in as 
much as they are relevant in describing the sensitivtt.y to sinusoidal 
amplitade-modulation of a tone as a function of modulation rate) 
and that of the dominant frequency region for the peroeption of 
some pitoh-induoing signals. Hence, first the effect of temporal 
masking as a funotion of D and R will be oonsidered. Figs. 4.9 
and 4.11 show temporal masking functions for D = 1 me and 10 ms 
at Er = 2();.:~. It is apparent that at the higher peak numbers, 
whioh are dominant for higher values of D, there is more masking 
as R is inoreased, than for lower pea.k numbers (although this is 
not exact~ the oomparison called for, it will serve as a first 
approximation). However, this still does not explain w~ the 
phenomenen is great for Er = ~~. As was noted in Seotion 4.2.2.1., 
ver,y little change in masking of one peak by another would be 
expeoted for E = ~;. However, it ~ be quite easily shown 
r 
that maximum temporal fluotuations ooour not at the speotral 
peaks (or the valleys) but midway between the peaks and valleys. 
It might be hypothesised that at threshold these points will be 
of oonsiderable prominance (an idea whioh will be enlarged upon in 
the next seotion). Hence, it would perhaps be of more interest 
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to oonsider the effect of masking at these points. The effect 
is still ver" small for D = 1 ms, at the lower peak numbers whioh 
one might suppose to be dominant at this mean delay. However, 
a somewhat greater effect is observed for D = 10 ms. (see Figs. 4.10 
and 4.11). It may be seen that for any peak number, there is slightly 
more forward masking for R = 20 Hz, than for R = 1 Hz. However, 
it would seem unlikely that suoh a small differenoe would lead 
to suoh a great ohange in threshold as a function of R, Also, 
backward masking seems. to yield very little differenoe in masking • 
However, at least one p08sib~'important parameter has been omitted 
when evaluating the curves of Fig •• 4.-a - 4.14. That is, the 
spectral summation af the analyser under oonsideration. Presumab~ 
spectral summation is just as prominent in temporal masking as 
it is in simultaneous masking (as is indicated in the literature). 
The effect of spectral summation about a given frequency will be 
rather similar to the effect of increasing the extent of modulation; 
in as much as both effects tend to lead to a greater 'smearing' 
over frequency of energy at high frequenoy than at low. Hence, the 
peak number at whioh temporal interactions batween adjaoent 
speotral peaks of the signal ooour is reduoed; thus inoreasing 
the threshold for perception of the more dominant peaks and so 
forcing the auditor.y system to use energy from lower speotral 
peak numbers. This would seem to provide a reasonable qualit&tive 
explanation of the observed effeot. 
Now let us oonsider not the effeot of R as parameter, 
but that of the relative modulation extent, E
r
• It may olearly 
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be seen in Fig. 4.6 that E has a consistent effect on the temporal 
r 
periodic fluctuation threshold at a~ modulation rate. It would 
seem that above a certain value of D the fluctuation threshold 
is approximately independent of E
r
• However, as D is reduced 
below a certain value then thresholds begin to increase. The 
value of D at which the increase occurs is related to E. The 
r 
lower the value of E , the higher is the value of D at which 
r 
the break occurs. Again, it would seem that one is forced to 
oonsider temporal masking effects as a likely explanation of the 
observed results. A simple explanation for the results is that the 
periodic fluctuation threshold is not determined by the mean delay, 
D, but by the value of instantaneous delay of the stimulus to 
whioh the auditor" system is most sensitive. This argument, however, 
would suggest that the curves for different values of E would be 
r 
approximatelY symmetrical about the value of del~ to which the 
aud1tor,y system is most sensitive (i.e. approximate~ 5 ms). 
This is, of course, not the case. This argument m~, of course, 
be qualified by temporal effects to cover the observed results. 
This qualification once again involves the same assumptions of 
temporal masking as made in the previous secticn (ohiefly those 
of spectral dominance and spectral summation). The qualified 
argument would then state that the symmetrioal part of the curve 
dces not extend to higher values of D because it is prevented 
from doing so by temporal masking. The higher values of E are 
r 
affeoted at lower values of D because for the higher values of E , 
r 
temporal masking extends down to lower peak numbers, which are 
dominant for lower values of D. This argument would seem to be 
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quite satisfactory qualitatively, except in the case of E = O.~~ r 
and especially for R ~ 5 Hz. Then, it would appear that maximum 
sensitivity occurs for the higher values of D (above D = 5 ms). 
To explain this on the present hypothesis one must add another 
assumption. That is, one must assume that another detection mechanism 
~p<t(" r'.'·· 
for D > 10 ma. As Wilson (1 966) says "at the other end 
of the scale [i.e. at higher values of delay) the tone also becomes 
les8 musical and tends to sound periodic". This observation is 
corroborated by myself for static signal delays between 10 and 30 ms. 
Results of Cardoza, Neelen, and Rijckaert (1969) showed that 
temporal jitter with a standard deviation of 0.2 ms could be perceived 
in a pulse train of mean period 20 ms, embedded in noise (so long 
as the signal to noise ratio exceeded 20 dB). For a 10 ms pulse 
period the jitter threshold was 0.06 ms. However, it is not 
clear whether the threshold criterion was temporal or spectral. 
An experiment of Miller and Taylor (1948) showed that a quiet 
gap of 5 ma in white noise repeated with a period of 20 ms could 
be perceived for all signals above approxima.te~ 20 dB SL, although 
such a signal cannot accurately be matched in frequency with a 
pure tone. In the present experiments, for D = 20 ms and E = O.~~ 
r 
the maximum' Jitter' of the inter-repetition period is 0.04 ms, 
a value somewhat smaller than that found for juat noticeable 
jitter by Cardoza, et. al. However, the jitter in the Cardoza, 
et. ale experiment was essential~ random, Whilst the jitter in 
the present experiment was determinate, which might have given 
additional clues for detection. Certai~ the modulations of 
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larger values of D and R (although at the lower values of D and 
R the subjeot often found diffioulty in hearing the modulations, 
at any level of the delayed signal). Henoe, it would appear that 
the different signal prooessing mechanisms yield a different 
value of threshold. It will be assumed that for small values of 
E and large D the auditory system oan c1isorimimte on a temporal 
r -
basis. This hypothesis is corroborated by Bilsen (1968) for delays 
in excess of 30 ms. If this assumption is aooepted, then the present 
results may be understood qualitatively in terms of known temporal 
and spectral properties of the auditory system. 
4.2.2.5. QUANTITATIVE A.T'fALYSIS OF THE RESULTS 
A method for attempting to model the response of the auditory 
system to the signal used in these expariments i8 the simple energy 
detector model referred to in the introductory seotion of Chapter 3. 
Suoh a model presents some attraction, as it has provided results 
whioh olose1y agree with the thresholds for perception of periodio 
fluotuations of the speotrum of filtered noise signals (e.g. see 
Zwioker (1956)). The model has been desoribed in some detail 
in the above-mentioned section. It will be assumed that the 
speotral resolution of the system is equal to one critioal band, 
and that the system may detect energy fluctuations exceeding 1 dB. 
The time oonstant of the energy deteotor will be ignored. As 
an example of how the model may be used, the energy output as 
a funotion of frequency for a statio signal of delay 1 ms is presented 
in Fig. 4.12. It will be noted that the system will not adequately 
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resolve spectral peaks above peak number four. Wilson's (1970) 
results indicate that peak number two is dominant under these 
oonditions. Fig. 4.13 (the continuous line graph) shows the 
energy fluotuations (in dB) as a funotion of frequency for a signal 
with D = 1 ms, and Er = 20% (R has no signifioance, for this model, 
as temporal effects have been ignored). This result is for a 
level of the delayed signal, g, of 0 dB. As suggested in Section 
4.2.2.4, the maximum periodic fluctuations occur not at spectral 
maxima or minima, but somewhere between the two. This is a result 
of the slope of the signal spectrum being greatest at these frequencies. 
It will be noticed that in this oase, energy fluctuations are 
maximal for spectral peak number two, the dominant peak for static 
signals. Perhaps this is of some significance in explaining 
the positions of the dominant regions in hearing (this point 
will be discussed further later). However, Fig. 4.13 is not the 
result required for obtaining a quantitative prediotion of the 
experimental results. mlat is required, is the value of thelevel 
of the del~ed signal at which the spectral fluctuations are 
equal to 1 dB. The minimum level of delay (with respect to frequency) 
will then be described as the fluctuation threshold as predicted 
by the model. It may be shown that the minimum level of the delayed 
signal at a given frequency, f, is given by:-





The iJlaxiTJitlJll fluctuzction wi thin a c;ivcn band 
= 10 1 '1' maxir;lUIn ener<,:,y durinG :,~odulation cycle 
ot:'10 




If we equate this equation to the desired energy fluctuation, y, 
and carry out the intecration:-
y :::; 10 log10 
Hence, 
(1+ a2(f») (f2 - f 1 ) + k1 a(f) • 
~1+ a 2(f») (f2 - f 1) + k2 a(f) 
a
2(r) + a(f) ~k1 - k2 log~~ (y/10») 
tf2 - f 1 ) (1 - log~~ (Y/10) 
+ 1 :::; 0, 
which may be solved (using the well-known formula for the solution 




















----- HP spec'TRAc... PEA IC S' 





~ ! ~ ... 









' i I , 
, ! , . 
I 
0L. ____ ~----~~--~--~~----~--_7,~ 0.1 0 .2 0.5 2 5 10 
Frequency (in kHz) 
16 - -- -. - - HP 











::J g 4 
00-





L-~----~------O~. ~5----~'----~2------~5~----~IO~ 0. 1 0 .2 
Frequenc y (i n kHz) 
Fig. 4.13. Energy fluotuation8 within a oritioal band as a function of 
frequency, for an n+dn signal, with D = 1ms, Er= 20%. 
Upper graph: broken lines indicate the effect of high- and low-pass 
filtering both noise and delayed noise . From low to high frequency, 
the cut-off frequencies . are: 0.39 O.se, 0.60, 0.90, 4 .8, and 9.6 kHz . 
Lower graph: broken lines indicate the ~ftect of filtering only the 
delayed noise. The cut-off frequenoies are: 0.30, 0.39, O.SO, 0.60, 









::" ........ " ........... . 
1I .... ' tt ••• ,." ..... , ... 
~:::::::::::: ::"'" 
----~ .. ----~ 

























































Fig. 4-.14-. Value ot the relative level ot the delaYed signal, g, 
at which energy tluctuations Within a critical band just exceed 1 dB 
as a tunction of frequency; tor an ll+cin signal With mean delay, 

























Fig. ~.15. Caloulated periodio fluctuation threshold (from the 
energy detection model) as a funotion of the mean delay, Do 
Parameter: relative modulation extent: E. 
r 
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where y is the fluctuation level for which it is desired to evaluate 
the threshold, a(f) (in this case, 1 dB); 
k1 = (SIN (2 ~ f2 d(t1 » - SIN (2 ~ f1 d(t1»)/(~ d(t1», 
k2 • (SIN (2 ~ f2 d(t2» - SIN (2 ~ f1 d(t2»)/(~ d(t2»i 
d(t) is the delay modulating function with respect to time, tj 
t 1, t2 are chosen to maximise and minimise k1 and k2 respectively; 
f1' f2 are the lower and upper frequency bounds of the resolving 
(critical) band of interest (whioh, as before, is assumed to be 
reotangular in shape). 
This funotion has been solved numerioally, and the result 
tor D = 1 ms, and various values of Er is shown in Fig. 4.14. 
From this model, the signal with Er = O.~ would not be resolved, 
as no fluotuations wi thin any ori tioal band exveeds 1 dB (nor 
for that matter, do the fluotuations exceed 0.5 dB). Otherwise, 
the reault is qualitatively muoh a8 one would expect. The only 
rather surprising feature being that for E = ~ and 2q;r~ the 
r 
greatest peak now beoomes peak number three (whioh ~ be thought 
of as that whioh is dominant in thia model), and not peak number 
two, aa in Fig. 4.1}, From this figure, the lowest level of 
delay at whioh the fluotuations still exceed 1 dB may be rea.d 
off, to give the periodio fluotuation threshold for the model 
(e.g. -28 dB for Er = 2~; in Fig. 4.14). This oaloulation was 
undertaken for all values of D and Er used in the experiment, 
and the model's periodiC fluctuation threshold as a funotion 
of D, and E as parameter, is shown in Fig. 4.15. (It should 
r 
be noted the ooarseness in the numerioal eValuation of t1 and t2 
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may lead to errors of up to approximately 1.5 dB in this figure). 
The figure shows the symmetr.y about approximately the most sensitive 
value of de1~, which was expected in the discussion of the 
results in Fig. 4.5, before considerations of temporal interactions. 
It should be noted that for Er = O.~ one would not from the 
model expect to detect periodic fluctuations at any ~alue of the 
level of the delayed signal. This would seem to add further 
weight to the argument that at this value of Er the periodic 
fluctuations are not perceived spectrallY, but possibly by some 
temporal detector. 
Before progressing further in a comparison of the experimental 
results with the model periodio fluctuation threshold, it is of 
interest at this stage to consider how the region which might be 
most usefully dominant for the deteotion of the periodio fluotuation 
threshold (from the standpoint of the energy detection model) 
compares with that found experiment~ for statio signals. The Qynamio 
dominant region will be defined as that frequenoy region within 
which the speotral fluctuations are perceived at the lowest level 
of the delayed signal. This oomparison is shown in Fig. *.16. 
It would seem that the static dom5nant region agrees fairly well 
with that predicted in the dynamic case. This is in line with the 
suggestion that dominance is close~ related to place meohanisms, 
and, in particular, to the critical band. 
A comparison between the experimenta1~ and theoretically 
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Fig. 4.16. Comparison of the static dominant region (after Wilson 
(1970» with the region which would most usefully be dominant 
for the detection of the ~c stimuli. The upper and lower 
graphs show the same data presented in different ways. Parameter: 
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The difference between the thresholds (experimental minus theoretical) 
is presented in Fig. 4.17. At this stage it might be wise to 
a . 
re-emphasise that temPT-al effeots have not been inoluded in the 
theoretical considerations. It would seem that this simple transformation 
of the experimental results tends to make the results independent 
of E
r
, at low values of D. Ho.ever, at higher values. of D the curves 
diverge._.At 1611' values.of D, it has already been suggested that 
temporal interactions have insignificant effect. At the higher 
values of D, the experimentally determined threshold suddenly 
diverges from what one would expect from the model. This, of course, 
is oonsistent with the assumption that the dominant spectral 
peak is masked by temporal interactions. However, that cannot be 
the complete story: in general, for the lower values of E , 
r 
the experiment provides a lower value ot threshold than would be 
expected from the model. Now, this would implJr, not temporal 
masking of the dominant peak:, but temporal enhancement, or, a1 ternati vely, 
critical bands narrower than those generally accepted '.at higher frequ-
encies. Signal enhancement is not commonly found in the audito~ 
system in psychoacoustic experiments, although it is fairly commonly 
observed in experiments in visual psychophysics (e.g. see Dember 
and Stefl (1972». Moore a..'I1.o. ',!,"elsh (1 ~70 )have shown both forward 
and backward enhancement of one olick by another. It would seem 
that forward enhanoement is rather more effective for the case of 
oliok pairs than baokward enhancement. The enhanoement is most 
effective tor low level signals, the more usual masking :being observed 
as the masker/enhanoer level is increased. The effeot extends 
up to at least 300 rna inter-pulse interval. Houtgast (1972a) has 
provided results whioh he believea give pSYChophysical evidence 
- 132 -
for lateral inhibition in hearing. He used a masker which consisted 
of a pink noise signal with a 20 dB step (high- or low-pass) in 
its frequenoy response. He used a probe-tone signal. He found 
that when he alternated the signal and masker, then maximal masking 
occured when the probe frequency was just inside the pass-band, 
and it was minimum when it was just outside the filter pass-band. 
Thus, the edge of the filter response is enbanoed in 'oontrast' 
(providing 30 dB oontrast at the edge). However, this effect is 
only observed in a temporal masking paradigm. Li ttle, or no 
~ 
edge-enhancement is pbse~ed in simultaneous masking (e.g. see 
Carterette, eta ale (1969)). Whtther suoh a phenomenon Would lead 
to enhancement, or masldng in the present experiment depends upon the 
type of mechanism mooted to explain the effect. If one sup~oses 
that the existence of energy in adjacent frequency bands leads 
. to a reduotion of firing in response to a signal in that band (as 
might be supposed from B'k'sy's lateral inhibition units (see 
~tI\ on~ W()c)/J obl-A;" 0110(12. ""...sb~j. ~ '" wo ... Id '*"L,. ..... $o. ~ (Dlpct-ad 
B~k'SY (1967))) '0 A' ,. .. However, Houtgast' 8 
results for sequential stimuli suggest that the more energy there 
"~L 
is in adjacent frequenoy bands, the greater~gain in that 
band, or reduction in internal noise. This suggestion would 
lead to an implioation of senso~ enhancement. Hence, the results 
observed in this investigation might also show evidence of an 
'edge' enhancement effect in temporal masking. The effect is most 
prominent for small values of Er' perhaps indicating that enhancement 
occurs only in the immediate frequency region about spectral peaks. 
However, some care .lnW!St be taken in ascribing this effect to any 
partioular meohanism. One might suggest as an alternative, that in 
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those oases where oonsiderable temporal masking occurs, then 
some other analysing mechanism takes over, e.g. the temporal 
analyser which has already been discussed. A signal in some respects 
similar to that presented in the experiments reported here (although 
subjective~ quite different) w~s used in neuropnysio10gical 
experiment s by Wilson and Evans (1971). Essentially, their stimulus 
was noise plus delayed noise, alternated five times a second 
with noise plus inverted delayed noise (see Fig. 4.1 for examples 
of the differences between the two types of spectra). They measured· 
. 4· 
from fibres in the auditor.y (VII~ th) nerve. So far as the single 
unit is concerned, such a stimulus might be oonsidered as equivalent 
to the stimulus used in the experiments reported here, exoept that 
the delay modulating function is a square- rather than a triangular 
tunction. Wilson and Evans measured the neural spike counts during 
eaoh half of the 'modulation' cycle, at a variety ot values of 
delay. Their calculations of the spectral resolution properties 
of a fibre using this technique were in olose agreement with values 
measured from the tuning curve ot the unit (obtained using a quasi-
oontinuous tone). Henoe, for this signal, there is no indication 
of edge enhanoement effeots at the level of the VIII th nerve. 
There is probably little point in discussing R as a parameter 
in Fig. 4.17 to~ great extent, as it would merely be a repetition 
of muoh of what was said in Section 4.2. 2.4; exoept that where 
in that seotion 'masking' was written it might now be neoessar.y 
to write 'enhancement'. 
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There are several more points of interest from this series 
of experiments, which might be brought into a general theorem 
without excessively stretohing it, but it is probab~ oounter-
produotive to spend a great deal of time in making oonsiderations 
for results based on so few experimental points. It would probab~ 
be of more use to extend the experimental results. 
In summary, the temporal interaotions hypothesised are as 
follows:-
(i) at high values of R, the dominant region shifts to 
lower frequenoies beoause of temporal interaction in the form of 
masking; and 
(ii) at low values of R the temporal interaotion at the 
Qynamio dominant region manifests itaelr as temporal enhancement. 
Suoh a mixture of enhancement and masking is oonsistent 
with results of Moore and Welsh (1970) who show that, especially 
for forward masking, for short inter-pulse intervals masking occurs, 
and for greater intervals, enhancement occurs. 
4..2.2.6. SOME PA.RA:'vf.ETER TRANSFORMATIONS 
It does not require a great deal of thought about the present 
experiment before one begins to wonder whether the correot set of 
parameters has been chosen to desoribe the stimulus. A list of 
some of the more likely transformations might inolude: rate of 
ohange of delay (measured in ms/a); absolute extent of the frequency 
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or the delay of the signal (in Hz, or octaves, or ms),or the rate 
of ohange of frequency (either in HZ/s, or in octaves/s; if in 
Hz/s then one must ask which spectral peak is under consideration). 
Some of the p~siological transformations, which can be quantified, 
might also be inoluded in the list; for example: those describing 
ohanges along the basilar membrane, or within populations of neurons 
exoited, and the flux of excitation. In order to define the most 
useful of these transformations in describing the stimulus, a 
multiple regression analysis was undertaken. The an~sis was realised 
with the aid of a multiple regression analysis programme, available 
with the time-share system associated with the Keele University 
ICL 4100 Computer (program name: J1JGREG; a description of which 
is available in the Kent Time-share System (KOS) User's Manual 
(1971). However, the analysis was not ver,y successful as none 
of the various transformations yielded much greater correlation 
than that given by the (logarithm ot the)initiAl independent 
variables, D, E , and R. For the initial. parameters, a value of 
r 
2 
oorrelation r = 0.571 was obtained with the raw results, and 
2 
r = 0.590 when the results had been 'oompensated' for the effect 
ot the simple energy detector model. The logari thIn of E proved 
. r 
to give the most signifioant linear oorrelation, by far, giving 
Student's t = 8.6, at 114 degrees of treedom. The transformation 
giving the highest correlation (tor three independent parameters) 
was when R was replaced with the rate ot ohange of delay ( in 
2 2 ~ ma/s) where r = 0.634 for the raw results, and r = 0.640 when 
the energy deteotion model was inoluded. It would seem to be 
indioated that the lack of oorrelation is mai~ due to some 
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other factor, e.g. temporal effects. Some of the more promising 
transformations are presented graphical~ in Figs. 4.18 to 4.20. 
These transformations are for the rate of change of delay, and rate 
of change of frequency (in both octaves/s, and HZ/s for the first 
speotral peak). A-priori, one might expeot that if the scales of 
peroeption are linear, that rate of change of delay would be a 
significant parameter for a periodicity deteotor, and rate of change 
of frequenoy for a plaoe detector. What one might expeat to see 
in these results would be greater pattern than in the raw results. 
For example, a threshold minimum at a given value of the dependent 
variable, independent of one or both of the parameters. This 
does not appear to be the oase and 80 it would seem that the 
transformations presented in these figures add little to our knowledge 
of the processes underlying the deteotion mechanisms. 
4.2,2.7. PERIODICITY DETECTION? 
The mechanism for periodicity detection, if one exists, 
is not very well understood. Unlike plaoe detection theory, there 
is not a great deal of pnysiological evidenoe to support it. 
However, as was pointed out in Section 4.1, it must be acoepted that 
there is a large body of psyohoaooustio data whioh oannot be explained 
in terms of the simple plaoe theory. Periodioity deteotion would 
seem to be an attractive alternative, or aooessory explanation 
(although fair~ reoently experimental evidenoe has pointed away 
from a periodicity detection model; this evidence is reviewed in 
Wilson (1973)). Attempts have been made to oharaoterise a periodicity 
Fig. 4.18 (a). Periodio fluotuation threshold as a funotion of 
the rate of ohange ot delay (the absolute value for eaoh half oyole). 
Parameter: E
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Fig. 4.22. Out put of the autooorrelation model of Lioklider (1951) . 
Left-most oolumn: input signal to the autooorrelator : Doppler 
pulse trains . Right-most oolumn: output to the autooorrelator. 
Dotted lines connect the pitoh- determining output responses . 
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detection system both in terms of neural models and mathematical 
descriptions. It is generally assumed, that the peripheral auditory 
system behaves as a fairly coarse spectral analyser. The outputs 
of the analyser feed into a series of autocorrelat~rs, which 
extract the pitch. Such a model has been examined experimentally 
by several investigators, and in particular by Licklider (1951), 
who is generally accepted to be the first to give such a model 
serious consideration. Licklider also proposed a neural mechanism 
which would suitably approximate to a short-time auttoorrelator. 
This network is shown in Fig. 4.21. Fig. 4.22 illustrates the output 
of such a network as a function of time during the presentation 
of a Doppler pulse train of a given rate of change of inter-pulse 
interval (IFI) (a Doppler pulse train has been investigated psychoacous-
tic ally b,y Pollack (1966». Such a stimulus has a similar energy 
spectrum to a dynamic n+dn stimulus, but the two stimuli differ 
in phase characteristica. Bilsen (1968) hsssuggested that both 
signals might be detected by an autocorrelation mechanism in a similar 
way. Aa is usually implied in discussions of auditory autocorrelation, 
it will be assumed here that the output of the autooorrelator 
is scanned, from the short delay, to the long delay analysing outputs, 
and o~ the first signifioant peak observed in the soan (after 
the one at zero delay) is used in the determining of the signal 
pitoh. Otherwise, in the outputs shown in Fig. 4.22, for an inoreasing 
IPI signal, an anomolous increasing pitoh would be perceived, as 
well as the aotually observed"falling pitch. This falling pitoh 
is, in practioe, the only one that is heard, the riaing pitoh 
oannot be heard. In 1Jl8D3T oases, for an increasing delay, a given 
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output channel has fired prior to a significant firing, and 50 
might be relatively refraoto~. On the other hand, for pulse trains 
of deoreasing IPI the signifioant firing is always the first time 
that an output ohannel has fired within the duration of that signal. 
Henoe, one might expect that trains with deoreasing IPI would be 
peroeived at a lower threshold than those with inoreasing !PI. 
However, this is in direot oonflict with empirioal results, whioh 
will be presented in Section 4.3.3.3. 
Bilsen (1968), using a variety of teohniques, attempted 
to measure experimentally the short-time weighting function of the 
autocorrelation system. Bilsen's results indicate that the auto-
correlation is based upon a sample of the spectrum analyser output 
with a time constant of approximately 10 to 20 ms. ~e weighting 
function that he calculated extended to delays in excess of 3Oms. 
Subjectively, great difficulty is found in distinguiShing n+dn 
stimuli from white noise for delays in excess of 30 ms, e.g. Wilson 
(1966) stated tha.t "above 25 ms the signal becomes indistinguishable 
from a pair of ind\ependant noises". The subjects used by Atal 
et. ale (1962) were, however, able to detect a differenoe for 
delays up to 70 ms. If one acoepts the 10 to 20 ms time constant 
suggested by Bllsen's calculations, then this would suggest a 
3 dB down point for detection of sinusoidal modulation of delay 
of between 8.0 and 15.9 Hz. However, the problem is com~licated 
by the existence of the spectrwil analyser part of the model. 
~e frequency extent of the signal must not eXQeed the bandwidth 
of the a~ser filter, which feeds the autocorrelator of interest. 
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It would seem reasonable to assume that the autocorrelator of interest 
for a~ given value of del~ is connected to a filter which analyses 
frequencies within the dominant spectral region for that delay. 
The dominant region is at approximately 2 kHz (i.e. spectral peak 
number two), and for Er = 2i~ the frequency extent is 40 Hz, which 
is much less than is generally assumed for the bandwidth of the 
speotral analyser at that frequenoy. However, for E = a:>;~ the 
r 
frequenoy extent is 400 Hz, which exoeeds the probable analyser 
bandwidth, thus the autooorrelator output would be subject to losses 
due to the spread of speotral energy. Henoe, one may only justifiab~ 
stu~ the behaviour of a Qypothesised autooorrelator for E of 
r 
~, or O.~, without being worried overmuoh about complioations 
due to the spectral analyser. Let us now reoonsider the behaviour 
of the periodiC fluotuation threshold as a function of the modulation 
rate, R, ata relative extent of ~~ (Fig. 4.5). Now, there might 
possibly be a -3dB breakpoint in the ourve between R = 8 and 16 Hz 
tor D = 1 and 2 ms, but for no other values of D. It would seem 
that the results presented here do not oompletely oonfirm the 
autooorrelation weighting funotion of Bilsen, although perhaps 
the theory could be extended to consider different waighting time 
oonstants in the different dominant regions. Also, of oourse, 
temporal masking within the autocorrelator itself has not been 
oonsidered. However, it would be difficult to incorporate this 
effeot quantitatively within the model, as there is Very little 
evidenoe of suoh an effect. It should be noted that Mercer (1959) 
showed that an autocorrelator meohanism whioh showed no advantage 
over a speotral an~ser in deteoting pure tones, would also show 
no advantage in the deteotion of gliding tones. 
+ 
~... ....... .; 
-... ~ ....... .. 
+ 
z 
Fig. ~.23. Apparatus used for measuring the periodic fluctuation 
threshold o~line from the computer. TR = Uher Report 4200 tape 
recorder, EQ = equalization network tor the various tape recorder speeds 
ATT1, ATT2 = Advance A64A step attenuator, N = Dawe 112 noise generator, 
11 = Barr and Stroud EF2 filter, F2 = Allison 2AB filter, AVM = 
B & K 2603 audio voltmeter, SPB = 8ound-proot booth. 
, , 
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Of course, the above analysis does not preclude an auto-
oorre1ation mechanism being used for pitch determination, whilst 
a place mechanism is used in more basic detection tasks. 
4.,2,3, FURTHER MEASURES OF THE PERIODIC FLUCTIJAION THRESHOLD 
A different experimental method was used for obtaining 
periodic fluctuation thresholds for two subjects (in addition to 
GFP). 
Seven stimuli, with ~le following sets of parameters, 
were recorded on magnetic tape: D = 2 ms, R = 5 Hz; D = 2 ma, . 
R = 20 Hz; D = 5 ma, R = 2 Hz; D = 5 ma, R = 20 Hz; D = 1 ms, 
R = 5 Hz; D = 0.5 ms, R = 5 Hz, D = 0.2 ms, R = 5 Hz; in all 
cases Er = 2~~. The recordings were made at 7i i.p.s. on a Uher 
Report 4200 Stereo tape recorder, and played back at 7t, }i, and 
1 7/8 i.p.s., with the replay equalised within :t. 1 dB up to frequencies 
of 5 kHZ at all three rap1ay speeds •. Henoe, from the seven samples 
of noise and delayed noise recorded on the two tracks of the tape 
reoorder, up to 21 stimuli are available on playback. This method 
was adopted because an instrumental fault prevented the computer 
generation of many of the lower values of R. However, at a later 
date this fault was partially oleared, and the results obtained 
have alread,y been disouased in Section 4.2. The experimental 
oonfiguration is shown in Fig. 4.23. The noise generatt~ was 
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used to make up a uniform spectral density above 5 kHz where the 
response of the tape recorder dropped off (the delay introduoed 
by the phase response of the filter was negligible at 5 kHZ). 
The noise generator level was adju.ted until the energy density 
in the band 6200 to 7200 Hz was equal to that in the band 1000 
to 2000 Hz (measured using a Bruel and KJaer miorophone amplifier 
type 2603, and an Allison type 2AB bandpass filter). As usual, 
the signal level was set at approximately 60 dB SPL at the headphones 
(using a flat plate ooupler). Three naive subjeots, plus the author, 
were used. The order of presentation of the signals was randomised 
(although not as rigourously as usual beoause of the long time 
lags involved in lengtqy tape rewinds). Otherwise, the experimental 
method was similar to that used for the oomputer-assisted experiment. 
Three of the subjeots had normal audiograms, whilst that of the fourth 
will be disoussed in more detail in a later part of the next seotion. 
4.2.3.2. RESULTS AND DISCUSSION 
Results for two normal subjeots are presented in Figs. 4.24. 
The results for the third subjeot with normal audiogram are not 
presented, as he had great diffioulty in defining his threshold, 
in as muoh as even after one hour of training he still had diffioulty 
in repeating a threshold measurement with an accuracy of 8 dB, 
even when the same stimulus was repeated on two conseoutive trials 
(with the experimenter's attenuator set at a different value between 
trials). The two subjects (Fig. 4.~) show more or less the same 
shape of ourves, although it would appear that the threshold for 
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subject T.Br. was somewhat lower than that for GFP. The dotted 
line joining the points representing the highest values of D for 
some curves indioates that the connection is not strictly justified, 
in that the points at the highest value of D are at a value of R 
which is 80% of that for the other points in the curve. In pa.rticular, 
it should be noted that these results show a similar trend for the 
variation of the maximum value of R as a function of D. Although 
these results will not be discussed at any length, it is noteworthy 
that they are quantitatively ver,y similar to those presented in 
Fig. 4.6 (differences ~ be explained, as a result of the 5 kHz 
upper frequency for the signal). 
The result for the subjeot with high threshold, JBR, 
(presented in Fig. 4.Z5) is of some interest. This subjElGt had 
an audiogram with a fairly wide notch centred about the region 
of 1-5 kHz and with a maximum hearing loss of about 40 dB. Such 
an audiogram is usual~ diagnosed as being a result of aooustic 
trauma or concussion, and is generally thought to be due to damage 
within the organ of Corti (according to Langenbeck (1965) pp 46-52). 
It will be seen that the results of this subject were different 
from those for the other two subjeots. There appears to be a general 
raising of the threshold, and especially in the middle regions 
of D (in the range of 1 to 5 ms). It might possibly be that the 
elevation of threshold is greatest at the nigher values of R, 
and that at higher values of R the maximum of thl'eshold elevation 
is displaced towards lower values of D. The subject's elevated 
threshold, compared with that of other subjects, at middle values 
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of D is consistent with his hearing deficit, together with the 
concept of spectral dominance. His approximately normal threshold 
at low values of D is somewhat curious, if analysed in terms of 
the static spectral dominance curve, where the dominant region 
is approximately 3 and 4 kHz for delays of 0.5 and 0.2 ms respectively). 
However, if one reters to the theoretically determined ~amio 
dominant regions in Fig. 4.16, for E = 20}~, then it will be noted 
r 
that the dominant region is at a somewhat higher frequenoy than that 
of the equivalent statio region (for D = 0.5 and 0.2 ms, the regions 
are centred at approximately 5.4 and 8.8 kHz respectively). 
Now, the subject's absolute threshold to tones is approximately 
constant (re normal), at about 10 dB cJ:,~\I(,/... normal, at frequencies 
above 5.5 kHz for his right ear, and 7.5 kHz for his left. Hence, 
one may perhaps assume that he is operating in his more sensitive 
region under these condibions. These results ~ also be used to 
test the temporal interaction nypothesis. As will be recalled, this 
hypothesis may be considered to consist of two parts: one imp~ng 
temporal masking at high values of R, and the other implying 
temporal enhancement for low values of R. It will be seen in Fig. 4. 25, 
that at the lowest values of R (R = 1.25 Hz) the threshold elevation 
(comp~red with normal threshold) is least, perhaps implying that 
enhancement effects had partially' normalised' the subject's threshold. 
At higher values of R, the difference is greater, and there is 
also a posaibility that the peak differenoe shifts towards lower 
values of D, as R is increased. This is perhaps an indication 
that temporal masking at higher frequenc~es is forcing the subject 
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Fig. 4 . 25. Periodic fluctuation as a function of the mean delay, D, 
tor subject wit h a hearing defioit . Parameter: modulation r ate, R. 
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less sensitive than normals (or alternatively, in frequenoy regions 
lower than those Which would be used by a normal subjeot). Hence, 
although this result is not suffioient to completely justi~ the 
above hypothesis, it oertainly would seem to be qualitatively 
exp1ioable by it. 
c 
EFFECT OF FILTERING ON T"rlE FLUTUATION 'mRESHOLD }, 
In the light of the apparent importance of spectral 
dominance to the hypothesis being tested in the previous experiments, 
it was decided to investigate this faotor in more detail, using 
signals for whioh the delayed noise was high-pass, low-pass, or 
band-pass filtered. In effect, these experiments are similar 
to those reported by Bi1een (1968 Ch. 6) and Wilson (1970) for 
filtered statio signals. Bi1sen used randomly triggered pulse-pairs 
and filtered both the noise and delayed noise. Wilson's technique 
of signal generation and filtering was more similar to that adopted 
here. 
4:,2,4.1 • W5THOD 
The technique is quite similar to that described in the 
last section, with the addition of a variable band-pass filter in 
one channel. In this case, the signal was recorded and replayed 
on a Revox Tape Recorder at 7~ i.p.s. The signals used all had 
E = 20%, and R = 5 Hz; 
r 
and had three values of Do. 0 5 1 d 
., , an 
2 mB. The recording was made directly from the oomputer-oontro1led 
set-up. The periodic fluotuation threshold was obtained over a 
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variety of filter cutoff frequencies. Two subjects were used. 
The author provided a fairly comprehensive investigation, whilst 
subject T.Ba. provided confirmato~ results at considerably fewer 
filter cutoff frequencies. Other details of method were silnlar 
to those described in previous experiments in this chapter. The 
apparatus layout is illustrated in Fig. 4.26. 
The reason for filtering only the delayed noise is as 
follows: if one filters both noise and delayed noise, then very 
large energy fluctuations may occur within critical bands on the 
skirts of the filter response (see Fig. 4.13 (upper)). These 
energy fluctuations are generally relatively much larger than a~ 
energy fluctuation present in the unfiltered signal, and so dominate 
the result (presupposing an energy deteotor model). On the other 
hand, these will be 'masked' by the energy in the other channel 
in the ohosen method. A preliminary experiment was undertaken 
with both noise and delayed noise filtered, for D = 1 ms. The 
result is presented in Fig. 4.27 as a funotion of the high- and 
low-pass filter cutoff frequency. The effect of filter cutoff is 
far less than one mi3ht expect, if one did not take the above-
mentioned effect into account. However, if one filters only the 
delayed noise, then at frequenies beyond the filter cutoff, 
the signal reverts to white noise, with a spectral level which is 
the mean of the noise plus delayed noise (see Fig. 4.1} (lower)). 
Wilson (personal communication) has since suggested 
that the method of filtering adopted in these experiments is 
+ 
.-- N ~ ~ 
C C ~ 
~ 
~ 
Fig. ,,26. Apparatus used in experiments to investigate the effeots 
ot signal filJering on the periodio fluotuation and oolouration 
thresholds. TR = Revox tape reo order, BP = Allison 2AB filter 
(hp, lp, or bp), ATT1, ATT2 = Advanoe A64A,step attenuators, 
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Fig. ~.27. Periodic fluctuation threshold as a funotion of filter 
cutoff frequency, for bot noise and de~d noise summed before 
filtering. Subjeot GPP. NOte that the threshold is little atteoted 
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Fig. 4 . 28. Periodic fluctuation threshold as a function of filter 
cutoff frequency. Delayed noise only filtered . The thin lines 
indicate the calculated threshold. The lower pair of thin lines 
are the calculated threshold, as cal.culated . The upper pain of 
thin lines in each graph are shifted vertivall.y in order to obtain 
a better fit with the experimental results . 
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Fig. 4. 29. Periodic fluctuation threshold as a function of the 
bandpass filter oentre frequency. Only the delayed signal filtered. 
Thin lines indioate the oaloulated threshold. 
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not oomplete1y satisfactor,y, as t~is method leads to the phase 
response of the filter, in the region of the cutoff frequency, 
introduoing additional delays to the signal. This effect was investig-
ated, and was indeed found to introduce delays, which had a large 
effeot for the low-pass and band-pass oases. For example, a 10w-
pass cutoff frequency of 0.8 kHz led, in effect, to an additional 
del~ of about 1 ms over almost the whole ot the pass band. 
To avoid these effeots, Wilson (1970), in his experiments, filtered 
both the noise and the delayed noise, and added unoorrelated noise 
of uniform spectrum, with the same mean spectral density as the 
signal, at frequenoies outside the filter pasa-band. The effeot 
of the filter phase response on the results to be reported here 
will be oonsidered further in Seotion 4.2.4.2. 
ft,2.4,2, RESULTS AND DISCUSSION 
The results for high- and low-pass noise are presented 
in Fig, 4.28, as open and filled symbols, respeotively. Those 
for bandpass noise are presented in Fig. 4.29. For the author, 
the mean deviation was approximately 2 dB, and for subject T.Ba. 
it was approximately 3 dB. Also shown on the figures are the threshold 
ourves to be expeoted from a oonsideration of the simple energy 
deteotor model already desoribed. These theoretical curves for 
high- and low-pass filtering were obtained from ourves suoh as those 
shown in Fig. 4.14, It was assumed that the periodio fluotuation 
threshold is determined by the most sensitive part of the signal 
1 
after fi}ering. Fig. 4.13 (lower) shows the effeot of 10w- and bigh-pass 
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filtering on the periodic energy fluctuations at the output 
of the model. It would seem that, in general, the effect of the 
filter is to reduce the size of energy fluctuations close to the 
filter cutoff frequency, even those just within the pass-band. 
This is obviously a result of the fiaite width of the summating 
band of frequency (critical band). However, to determine the magnitude 
of the damping of the peaks in the region of the filter cutoff 
involves quite a lot of computer time. Hence, it was decided 
to ignore this effect and ass~ that the magnitude of the energy 
fluctuations at the filter cutoff is equal to the value at the 
cutoff for the unfiltered signal, and that the periodic fluctuations 
immediately become zero at the no signal side of the filter cutoff. 
Hence, the theoretical effects of filtering may be described 
somewhat more rigourously as:-
for low-pass filtered threshold 
x. (1' ) = max (x hr h(f» for l' ,,1', 
.lp c t es -.. c 
and for the high-~as8 filtered threshold 
~ (1' ) = max (xthr h(f» for f) 1', np 0 es c 
where Xthresh(f) is the theoretical, unfiltered periodio fluctuation 
threshold as a funotion of frequency, l' (e.g. as in Fig. 4.14); 
and 1''0 is. the filter outoff frequency. In a similar way for 
band-pass filtering:-
:1bp (1'1'1' h) = max (Xthre s}t (1' » l' or 1'1 < l' < l' h' 
where 1'1 and fh are the upper and lower cutoff frequencies, respectiVely, 
of the bandpass filter. 
The most striking feature of the experimental results 
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in oomparison with theory is their generally higher threshold. 
This is paricularly noticeable for D = 1 and 2 ms. That is consistent 
with the findings for unfiltered periodic fluctuation experiments 
(Fig. 4.17). However, if one raises the theoretical threshold 
by a constant amount, so that the no-filtering levels coincide, 
then one m~ compare the effect of filter cutoff more easi~. 
When this shift has been done (upper pair of thin lines in the 
figure), their variations as a function of frequency are seen 
to be similar. Perhaps the necessity for the shi1't of between 
9 and 13 dB is due to simultaneous masking effects, which have not 
been taken fully into account in the model. This i8 possibly a 
result of assuming that the auditory filter function is a rectangular 
shape, rather than the more realistic trapezoid on logarithmic 
co~nates (see Greenwood(1961)). Relatively small ohanges in 
the filter shape can lead to quite large changes in the oalculated 
periodic fluctuation threshold. Consider first the results for 
high- and low-pass filtering. In general, the result for low-pass 
filtering is quite well matohed by the shi1'ted.theoretical curve, 
when averaged over several adjacent points, although fine detail 
is not we11 reproduced. The agreement would appear to be slightly 
worse at the lower values of D (a shift of experimental results in 
the direction of higher outoff frequencies). This lack of correspondence 
between empirical and theoretical fine detail might well be a 
result of the neglect of the low-pass filter phase response. 
For that reason, the phase response was included in the calculations 
of the periodio fluctuation threshold for a selection of outoff 
frequencies. These points are shown in red on Fig. 4.28. Indeed, 
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there is some indioation that the empirioal results are better 
matohed by this ourve. 
For high-pass filtering, the fit is less good, especially 
at the higher cutoff frequencies. As the cutoff frequency is inoreased, 
the experimental threshold begins to inorease before it would be 
expected to, from considerations of the model. This relative threshold 
elevation continues for further inoreases of cutoff frequency, 
until at fairly high frequencies the experimental and theoretical 
thresholds cross again, so that the experimentally-determined 
threshold is lower than would be expected from the model. The 
relative elevation of threshold is just what would be expected 
from temporal masking, from the discussion of Section 4.2.2.2. 
However, it might again be a result of the neglect of the damping 
of peaks adjacent to the filter cutoff, and to summation of some 
energy outside the critical band. The former effect is valid, 
although fairly small, but the latter effect should be less for 
high-than for low-pass filter.L~. This is because most eVidence, 
both neuroph3'aiological and psychophysical, would suggest that there 
is a greater excitation of high frequency regions by low frequencies 
than vice-versa. However, this leads to the question of what is 
the reason for the reversal of experimental results at high cutoff 
frequencies. A possible reason for this reversal is that the 
model result was not taken to a high enough frequency, stopping 
as it did at 10 kHZ. It would appear from Fig. 4.14 that there 
is another peak of energy fluctuation yet to be observed at a 
frepency in excess of 10 kHz. However, such a peak would probably 
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not be great enough to explain the large divergence for D = 2 ms. 
It would seem necessary to turn to other explanations, of which 
there are many: e.g. narrower critical bands at high frequencies, 
smaller energy changes detectable by the energy detector at high 
o frequencies, or even tempral enhancement. However, as these hypoth-
1\ 
ese8 have not been tested, it will be necessary to await further 
experimentation before one or any may be accepted. The phase 
ohange introduoed by the filter at outoff leads to a ohange of 
del~ whioh has a negligible effeot upon the theoretical threshold. 
AI though there is some difN.oul ty in explaining the 
observed results oompletely, it is apparent that the general effeot 
is muoh as expeoted. If one oonsiders the outoff frequency for 
interseotion of the high-pass and low-pass filtered noise, it is 
apparent that the intersection is at a lower frequenoy for the 
experimentally-determined ourves, than for those theoretioally-
determined. It would seem likely that the shif't is greater for 
lower values of D. A result which was prediotable from the results 
for unfiltered periodic fluctuation thresholds (see Seotion ~.2.2.4). 
The results for band-pass filtering for D = 1 and 2 ms 
are shown in Fig. 4.29 (only one subjeot, GFP, was used in these 
experiments). This result shows a similar effect, to those 
discussed above, especially for third-ootave filtering. The effeot 
of filter phase introduoes considerable delay to the signal. Only 
at the oentre frequency of the filter band is no delay introduced. 
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4..2.5. SUMMARY AND GENERAL DISCUSSION 
It would seem that in order to qualitatively explain 
the results desoribed in the preoeding seotions of this ohapter, 
it is merely neoessary to assume that deteotion is limited by effeots 
whioh are observed for signals without changing pi toh, or fairly 
reasonable extensions of those effects. In some oases, an attempt 
has been made to explain the results quantitatively, and in some 
oases this proved fairly sucoessful, although, in general, one 
is forced to increase the number of extensions from known psyoho-
acoustioal results in order to make a good quantitative fit to the 
empirioal data. Whilst in most oases a simple plaoe theory has 
been invoked in an explanation of the results, it was noted in 
Seotion ~.2.2.7 that an extension of a periodioit,y theory might 
be suooessful in explaining,the results. As is so often the case, 
it would seem that periodioity and plaoe, if oharacterised in a 
oertain way, may be oonsidered as equivalent. However, the extensions 
tram periodioit,y theory would seem to be stretohed further than 
those extensions found neoessary using place theory. Hence, one 
might oonsider the extended place theory as a more satisfaotory 
working hypothesis for explaining the periodio fluotuation threshold. 
~3. COLOURATION THRESHOLD AND THE DETECTION OF MODtJLA.TED DELAY 
As was previously mentioned, the oolouration threshold 
was defined as that value of the level of the delayed signal at 
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whioh the modulated signal was just distinguishable from white 
noise. These thresholds were obtained concurrently with the 
periodic fluctuation threshold determinations, described in Section 
4.2.1. It was found that the colouration threshold wa.s far less 
well-defined than the periodio fluctuation threshold, and it was 
quite oommon to find threshold differences of 8 dB for the same 
stimulus and subject in the course of a 30 minute experimental 
run. This was espeoial~ true for the Uher tape recorder experiment 
(Seotion 4.2.}.). For this reason, the results of these experiments 
will not be discussed at length. 
4;.3,1, RESULTS 
The results for the author from the experiments described 
in Section 4.2.1. (using on-line computer-gener~ted stimuli) will 
be oonsidered. These results were the moat oomprehensive, and most 
aoourate, with an estimated standard deviation of approximately 
6 dB. The results are presented in Table 4.2, and plotted in 
Fig •• 4.30, and 4.31. 
TABLE 4.2. COLOURATION THRESHOLD FOR SUBJECT GFP. (in dB) 
(a) E = 0.2% r 
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Fig. ~.30 (a). Colouration threshold as a fUnction of the mean 
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Fig. 4.31 (a) - (0). Colouration threshold as a function of modulation 
rate, R. Parameter: 
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(a) D = 0.2 ma, (b) D = 0 .5 ms, (0) D = 1 ma. 
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Bearing in mind the large possible errors in these results 
one or two points may be abstracted from the figures. In general, 
the threshold for E = 200.% is higher than that for E = 20%. 
r r 
That would be consistent with a further extension of the place 
theory, that, although energy fluctuations are below the threshold 
of the auditor,y system, the variations of energy as a function 
of frequency are still perceiveable. Presumab~, that peraeived 
energy spectrum would be related to some sort of time-average 
, 
of the signal over a modulation cycle. Hence, ~he spectral variations 
would be smoothed out far more for higher values of E , and hence 
r 
give a higher threshold. Quite often a threshold maximum, as a 
function of D, is observed in the region of D = 2 ms, and this 
effect would seem to be more marked at higher values of R (it is 
especially noticeable for E = 20%). The reason for such a result 
r 
is rather puzzling in terms of the above-mentioned hypothesis. 
liowever, some pessibilities would seem to present themselves to 
explain the effect. It will be remembered, that for Ir = 2Q!b 
the lowest spectral peak numbera at which,during different parts 
of the modulation cycle, one peak occupies a frequency region 
previously occupied by an adjacent peak during another part of the 
modulation cycle, is for peaks number five and six. Peak five is 
approximately the dominant peak for a static signal with 2 ms 
delay (Wilson (1970)). It would seem that for E = 20%, that that 
r 
peak would be cancelled out maximally in a time-averaging process 
(this would also be true for peaks numbered 10, 15, 20, ••• etc). 
Presumably, the effect is greatest at the higher values of R, 
because only then does the time-averaging lead to an optimal 
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cancellation of peak number five (see Fig. 4.32). At lower values 
of R, perhaps the fact that the signal produces more energy (over 
a small unit time) at the limits of the modulation extent leads 
to incomplete cancellation. However, such an explanation is 
not oompletely satisfaotory, as a similar effeot is noted for ~r = 200%, 
and possibly also for Er =~. The position of the maximum is 
again in the region of D = 1 to 2 ms. One would expect the colouration 
threShold for E = O.q~ and 410 to be approximate~ equal to the r 
static oolouration threshold. If one bears in mind the large 
experimental error, then that would seem to be the oase. Fig. 4.32 
shows the simple time-averaged speotrum for D = 2 ms and E = 2, 
r 
20, and 2~. It is apparent in the case of Er = 200J~ the. t the average 
spectrum has a speotral peak spacing of 0.25 kHz, for D = 2 ms 
(implying a major peak in the autocorrelation funotion of the 
time-averaged signal in the region of 4 ms). There is a strong 
emphasis on the lower speotral peaks, thus favouring the low 
values of D, where lower peak numbers are dominant (a point which 
is favoured by the gross behaviour of the empirioal results for 
E = 200%). However, this still does not provide an explanation 
r 
of the reduced threshold at D = 5 ms, whioh is apparent for R = 1 
and 2 Hz. It would seem that further experiments Will be neoessary 
to oonfirm and examine further this result. 
The effeot of modulation rate, R, is also not easily explained 
(see Fig. 4.31). Instead of the expeoted gradual increase in threshold 
for higher values of R, it would seem that this holds only up 
to a oertain value of R, and thereafter possibly threshold deoreases. 
Fig. ~.32. Mean spectrum level time averaged over one moduaation cyole. 
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The value of R at which this change oocurs depends on D, and to 
a somewhat lesser extent on Er , although the nature of the funotion 
relating the parameters is diffioult to abstraot from the experimental 
results. Presumably, it oan be explained to some extent qualitatively 
by suggesting that at the higher values of R, the line speotrum 
(i.e. the speotrum made up from delta funotions) of the Fourier 
analysed signal is just becoming resolved. (For frequenoy modulation 
of a pure tone, Zwioker (1956) assumed that Fourier resolution of 
individual speotral oomponents was affecting the results, by reducing 
the just peroeptible modulation extent in relation to that otherwise 
expeoted, when the modulation rate exceeded about 30 Hz, when the 
oarr-ier frequenoy was 300 Hz. As would be expected, this minimum 
modulation rate inoreases with increasing oarrier frequenoy). 
The long-term energy (line) speotrum of the signal is 
given by:-
F(r) = 1: [(1 + J~ (COS (211" f (DO + TRIG(t») dt). b(f-~ )] (4-.10) 
where TRIG (t) is the triangle function relating time, t, to the 
value of the instantaneous delay; the mean delay is DO; T is 
the period of the mmdulating funotion (= 1/R); f is frequency; 
and /J.x) represents the dirao impulse funotion, whioh may be 
(non-rigourously) defined as 
( 
b (x) = 1 
1 , 
0, 
WHEN x = 1, 
otherwise. 
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Equation 4.10 represents the time-averaged speotrum over 
one oyo1e (some examples of whioh are shown in Fig. 4.32) multiplied 
by a oomb-speotrum, with separation of spectral components of 
1/T = R Hz. Now, if oomponents of 20 lw spaoing, are at all 
speotra1~ resolved, then one must acoept that this is in the 
part of the auditor,y system most sensitive to low frequencies 
(where the oritioal bandwidth is smallest). However, even if this 
provides some of the explanation, it is ver,y unlikely that it is 
the oomp1ete one, as some thresholds in Fig. 4.31 begin to deorease 
for R greater than 5 Hz (requiring a speotra1 resolution, which is 
well beyond the capacity of the auditor,y system). 
b:,3. 2• COLOlJRATION THRESHOLD FOR FILTERED SIGNALS 
The co10uration threshold for a single set of D-E -R parameters 
r 
was obtained, using only GFP as subjeot, for bigh- and low-pass 
filtered noise. The parameter values were as follows: D = 1 ms, 
E =~, and R = 5 Hz. The method was exaot~ as desoribed 
r 
in Seotion 4.2.4. Not as ~ determinations of each point were 
made, as in the equivalent experiments for determining the filtered 
periodio fluotuation thresholds. The results are shown in Fig. 4.33. 
These results certainly do not show such a marked, sharply-defined 
dominant region as one would expeot for statio speotral dmminanoe . 
(e.g. see Wilson (1970». This is partioular1y true for high-pass 
filtered delayed noise. That is rather curious, oonsidering 
the fairly large deorease in speotral modulation depth for speotral 
peaks above peak number three in the time-averaged speotrum of 
Pig. 4.33. Colouration t hreshold as a funotion of filter high-


























Fig. 4.32 (i.e. up to about 3 kHz). Several possibilities exist 
for the detection of signals which are high-pass filtered above 
that peak number. One is that the auditory system considers the 
signal as oonsisting of n+dn signals whose peaks are defined by 
the envelope of the 'beat' waveform of the speotrum shown in 
Fig. 4.32 (this is almost the place equivalent of the periodioity 
theory for the pitoh of amplitude modulated tones in its basic 
form (e.g. see de Boar (1956)). The speotral period between these 
spectral beats is approximately 5 kHz, the dominant 
statio speotral region for which is at approximately 5 kHz. This 
would extend the low value of high-pass filtered thresholds up 
to, and somewhat in excess of, 5 kHz. The reason for the extension 
of sensitivity above 5 ~Iz is somewhat puzzling if the above 
explanation is accepted, although it might just possibly be that the 
speotral beats are more deteotable than the equivalent sinusoidal 
funotion, although it is not a-priori very plausible. 
~.3.3. COLOURATION THR.i~SH,")LD FOR UNIDllU:CTIONAL MODULATION OF DELAY 
As it would seem to be necessary to stu~ the colouration 
threshold using a more preoise psyohophysical method, the oppurtunit,y 
was taken to study the threshold for unidireotional modulation of 
delay. The use of the unidirectional stimulus then allows for 
an investigation of the effect of the direction of ohange. As 
was noted in S~ction 4.2.2.7, an autocorrelation model might 
suggest a lower threshold for signals with decreasing delay. 
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It,3, 3,1. METHOD 
The method used was the PEST adaptive teohnique, using a 
two-alternative forced-choioe paradigm, as desoribed in Chapter 2. 
One of the stimulus intervals oomtained the signal and the other 
contained a sample of white noise of the 8ame duration and sensation 
lnel. In all cases, a linear rate or ohange of aelay was used. 
For the majority of the experiments, the noise level was maintained 
at a constant mean speotrum level of approximately 63 dB SPL. 
This sound pressure level was equivalent to a sensation level of 
approximately 54- dB SL for a 500 1Il8 dura.tion burst of white noise 
at the same sound level. 
~.3,3,2, RESULTS AND DISCUSSION 
In general, delays which varied in the region of 2 ms 
were investigated. It will be remembered that in Seotion It.3.1 
it was noted that when D = 2 ms, a loss of sensitivity was frequenitly 
observed, whioh was not easily explicable. 
First, a preliminary experiment was undertaken to examine 
the effect of signal level (over a range of 20 dB SL). This was 
done for three stimuli of 500 ms duration, one with a static delay 
of 1.5 ms, and the other two with dynamic delays, which varied 
linearly between 1 and 2 ms, and vice-versa over the duration of 
the stimulus. The results are presented in Fig. *.~. It would 
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oolouration threshold in the region examined. This is a result 
whioh might be expected from results reported by Bilsen (1968), 
who showed, that for a statio signal with a delay of 5 ms, the 
oolouration threshold was independent of sensation level (for 
sensation levels in excess of approximately 30 dB). A ver,y marked 
reaul t evident in Fig. 4 • .34 is that the threshold for the signal 
with inoreasing delay is about 4 dB lower than for the static signal 
or that with decreasing delay (the latter two signals having 
approximately the same threshold). 
Next, at the same rate of change (2 ms/s), the colouration 
threshold was oompared with that for static signals as a function 
of signal duration. A special meohanism capable of following 
and detecting a variety of time-varying signals should exhibit 
a shorter integrating time than that optimal for deteoting static 
signals. A preliminary experiment was undertaken using the simple 
2AFC method described in Section 2.5. One hundred trials were used 
to determine each threshold point. One subject, GFP, was used 
in this experiIOOnt. The static signal used was one With 1 ms 
delay. The result is shown in Fig. 4.35 (upper). Some months 
later, the same experiment was repeated using a similar 2AFe method, 
and using three hundred trials in order to determine each threshold 
point. This time a more satisfactory experimental method was 
used. For example, the order of the threshold determinations 
was randomised, instead of determining the thresholds at the higher 
durations first, as in the previous experimental series. The 
results of this experiment for the author, and three other subjects, 
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is Shown in Fig. 4.35 (middle). (Two of the three other Bubjects 
had had considerable experience in similar experimental situations, 
whilst the third, W/C, was relatively naive). The comparison 
statio stimulus in this case is the arithmetic mean of the de1~ 
over the glide of that duration. The experiment was repeated again 
some months later still using the PEST technique, With GFP as subjeot. 
The results are presented in Fig. 4.35 (lower). In all oases 
examined the threshold for the ~namio signal is lower than that 
for the static one. It would also seem tmt the threshold differenoe 
between the two signals is greatest for medium duration signals 
(200 to 300 ms). These results possibly indioate that the auditor.y 
system bas an effectively shorter integrating time for the ~namic 
stimulus. However, it is not neoessar.y to hypothesise a feature 
deteotor, if one considers the results of Fig. 4.35 to be a result 
of 2 effeots. These effects being (a) a lower effective integrating 
time, and (b) a lower threshold for dynamic signals. The effect of 
(a) will be oonsidered first. This m8\Y' be explained in terms of 
temporal masking. Fig. 4.36 shows the oourse of each spectral 
peak, as the delay ia increased. As was noted in the last chapter, 
the higher speotral peaks move with a higher rate of ohange of 
frequency than the lower peaks. Also, for a oonstant rate of change 
of delay, for any spectral peak, the rate of ohange of frequency 
decreases at higher values of delay. Hence, the shorter 'he 
spectral transition, the higher is the minimum spectral peak 
at which the two cons\ecutive speotral peaks oan interaot temporally 
(in the sense of forward masking). Henoe, peak 1 can (forward) 
mask peak 2 for glides of greater extent than 1 to 2 ms; peak 2 
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Fig. 4-.37. Caloulated level of 'adaptation' as a f'unotion of frequenoy 
for a variety of unidirectional glides . Left-most graph: at termination 
of increasing delay glide, initial delay: 1 ms. Right-most graph: 
at termination of deoreasing delay glide, terminal delay: 1 ma. 
Absolute glide rate of ohange: 2 ma/a. Parameter: glide duration. 
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masks three for extents in excess of 1 to 1.5 ms; peak 3 masks 
4 for 1 to 1.33 ms; etc. etc. The direction of forward masking 
is reversed for stimuli with decreasing delay (i.e. the ~iBh 
peak numbers mask the lower ones). Acoording to Wilson (1970) 
the dominant region for sighals between 1 and 2 ms is between 
peaks number two and four (peak 2 being more effective at the 
lower values of delay). Henoe, for smaller duration signals 
less forward masking occurs, and only for durations in excess 
of 250 ms oan the important peaks number 2 and 3 temporally interact. 
The low'er threshold for dynamio signals in comparison with statio 
signals is somewhat diffioult to explain in terms of the mechanisms 
employed in previous sections. The phenomenon which comes first 
to mind when considering why a ~amic signal has a lower threshold 
than a dynamic one is audito~ adaptation. However, oonventional 
audito~ adaptation has a fairly lengthy time oourse, leading to 
only about 10 dB loss in sensitivity atter a stimulation time of 
one minute (e. g. see Small and ;.tl.nifie (1961». Another phenomenon which 
might be related to adaptation has been noted in the literature. 
The phenomenon was probably first noted by Zwicker (1964), as 
a tonal after-image to a band-stopped noise signal. This particular 
phenomenon has been investigated more thoroughly by Lummis and 
Guttman (1972). The phenomenon is probably related to that reported 
by Wilson (1966 and 1970) using a man stimulus (this relationship 
was suggested by Wilson). He noted that a distinct after-image 
was perceived when such a stimulus was ~eplaoed by white noise. 
The pitch of the after-image was identical to that of a noise-
plus-inverted-noise stimulus of the same delay. Wilson showed 
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that this after-image decayed rapidly (it was complete~ gone after 
2 a after the onset of the white noise, for a 4 s stimulating 
burst of n+dn signal). Although Wilson did not consider stimulating 
signals of greater than 4 s, subjective tests using considerably 
longer duration stimulating bursts would indicate that the after-
image is not present for much longer than 3 s after termination 
of stimulation. For 4 s Btimulation, the deoay of the after-image 
may be fitted by:-
m = 0.095 - 0.203 log10t , for 0.01 s < t <. 2 s 
where t is the time after the stimulus offset, and m is the internal 
speotral modulation depth of the after-image (g in Seotion 4.1). 
WUson (1970) thought that the phenomenon "might result from looalised 
adaptation of the hate oells at positions that oorrespond to the 
speotral peaks rt. Presumably adaptation is developing wi thin the 
duration of the stimulus. Certainly, it is fair~ olear Uhat 
the pitch of a statio signal beoomes less easily deteotable soon 
after the stimulus onset. Indeed, WUson (1966) stated that 
"preliminary tests also indioated that the time oonstant of build 
up may be similar (.to that for deoay.,}.t about 1 a". Henoe, these 
results would lead one to suppose that the development and decay 
of adaptation in a~ given region behaves as a linear system, 
and if that is so, then the above equation may be taken as the 
(negative-going) step response of the adaptation system. On that 
basis, the adaptation spectrum for various glide stimuli is shown 
in Fig. 4.37 (spectral and temporal interactions other than adaptation 
have been neglected in this an~sts1. It has been assumed that 
the adaptation is of the signal energy, and that the relative 
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level of the delayed noise is one, when in the equation (4.12) 
m is greater than one, and is zero when m is less than zero. 
It is obvious that efter the zero frequency peak of the speotrum, 
there is a subsequent- reduction in the amount of adaptation at 
the spectral peaks. (The height of the peaks of local adaptation 
for the static signal are identical to the height of the zero 
frequenoy peak, for the dymamic local adaptation peak, of the same 
duration.) However, on a simple linear basis this by itself would 
not suggest an enhanced threshold, as the mean of adaptation 
over frequency is the same for dJmamic and static stimuli. In 
oomparison to the static oase, the after-image for the ~amic 
case would tend to fill in spectral valleys instead of degrading 
spectral peaks, thus leaving the spectral peak to valley ratio 
the same in both cases. However, two reasons sugf,est that peak 
to valley ratio is not of great importance as a measure of signal 
deteotibility. First, the spread of speotral excitation inherent 
in the frequency resolving power of the audit~r.Y system tendQ 
to fill in spectral Valleys, whether there is adaptation or not, 
thus reduoing the relative importance of these valleys to detection. 
Secondly, there is a lag between instantaneous level of adaptation 
and the instantaneous spectral energy, at a~ frequency. This is 
espeoially noticeable in Fig. 4.37 (lower) where the peaks of instant-
aneouS spectral energy coincide with integer multiples of 1 kHz for 
all curves (as the terminal delay of the glide is always 1 ms). 
Hence, at some peaks of instantaneous spectral energy there is 
a minimum of local adaptation. Hence, it would seem to be possible 
to explain, qualitatively, the reduced threshold for dynamic stimuli, 
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if the negative after-image described by Wilson is interpreted 
a8 being an indication of ad~~tation for the signal of interest. 
!c,3,3,3, THE EFFECT OF DIRECTION OF MODULATION 
As the preliminary experiment showed (Fig. 4.~~), the 
threshold for one direction of modulation of delay is different 
to that for modulation in the other direction (in Fig. 4.34 the 
increasing stimulus delay provides a lower threshold). The present 
experiment was to examine whether this difference was general 
over a variety of modulation parA.meters. The results are shown 
in Fig. 4.38. In most cases it would seem that a lower threshold 
results from the stimUlus with increasing delay. However, in 
two cases thB threshold for increasing delay is h;j~4Y. That is 
for modulation between delays of 2 and 2.5 Ill8, and 1 and 1.5 ms. 
To ensure that these results were not statistical anomolies, the 
two means and standard deviations presented in Fig. 4.38 were 
obtained from 12 further threshold determinations for each point 
(compared with an average of 6 determinations for the other points). 
A similar threshold difference was observed for subject DCCH (3 dB) 
on a single PEST run for each direction of modulation between 
delays of 2 and 2.5 ms in a 250 ms duration. (It will be remembered 
that in Fig. 4.35, DCCH indicated the opposite difference for 
modulation between 1 and 2 ms, as did the author). 
In order to gain a greater understanding of these results 
it will be necessa~, once again, to thtRk in terms of tempo~al 
Fig. 4.38. Colouration threshold tor unidirectional glide stimuli 
for various bound delays, and rates ot ohange ot delay. The effeot 
of glide direotion is shown. 
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masking. Referenoe to Fig. 4.36 (that is the trajeotory of the 
speotral peaks as a funotion of delay) is useful in order to obtain 
a clearer understanding of the ensuing explanation. As will be 
remembered, only forward masking has been considered in the explanation 
of the apparent reduced ~ntegration time for ~amic signals. 
Forward masking between adjacent spectral peaks occurs for signals 
of both increasing and decreasing delays. lIowever, because of the 
I\. 
frequenoy offset between the probe and optimum mas}ng for backward 
masking, this symmetry of masking does not hold for backward 
masking (the maximal~ masked probe frequency is approximately 
1.2 to 1.6 times the masker frequency in the lominant frequency of 
interest). The course of the maximally masked frequency of backward 
masking as a result of each spectral peak is drawn in Fig. 4.36 
in dotted lines for a masking factor of 1.2. Of course, there is 
a oonsiderable effect of higher peaks on lower ones, which will 
then lead to more masking of the lower spectral peaks for decreasing 
delay, rather than inoreasing delay stimuli, when the total extent 
of modulation is large (i.e. when the transition of a spectral 
peat along the frequenoy axis is great). For example, in the transition 
between 2 and 3 ms, for increasing delay, there is masking en 
peak number three from peak number four alone, whilst for decreasing 
delay, there is masking from peaks five and six. However, for 
modulations of small extent, this is less the case. For example, 
for modulRtion between 2 and 2.5 ms, for increasing delay, peak 
three is maSk •• by peak four, and for decreasing delay the masking 
is from peak five. However, the time difference between signal 
and masker for masking by peak four is less and so presumably 
prOduces a greater level of masking. Thus perhaps explaining 
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the direction of modul~tion for the lowest threshold. It is also 
noteworthy that at higher frequencies, there is some indication 
that the relative differenoe between masker and maximal~ masked 
probe tone frequency is greater than at lower frequenoies, thus 
inoreasing the spread of backward masking of lower frequency peru{s 
by higher frequency ones. The filling in of the spectral dips 
at higher frequencies (because of imperfect resolution) would also 
increase the effeot. 
4.3.3.4. MONAURAL AND BINAURAL DETECTION 
A result which was not pursued, but which merits further 
investigation, is worth mentioning at this point. This was a 
preliminary investigation of ear differenoes for peroeption of 
these signals. The result for signals modulated between 2 and 2.5 ms, 
with durations of 250 ms are shown in Fig. 4.39. There is possibly a 
lower threshold for the left ear, in comparison with the right. 
However, it should be noted that the subject, GFP, is left-handed, 
but not strongly so. Suoh subjects are notorious for not showing 
predictable lateral preferences in hearing. Sat., et. ale (1965) 
reported that 97% of dextrals had a left brain speech representation, 
while only 35% of sinistrals showed a right brain speeoh representation, 
There is a definite lower threshold for binaural listening in 
comparison to monaural. This result would suggest that the signal 
is resolved centrally, and that monaural perception is limited 
by the noise induoed in the single channel. Assuming tha. t the noise 
affeoting the ohannel from the opposite ear ~o the deteotion 
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area is relatively independent, then it is evident that more 
information will be provided by binaural presentation. However, 
one would not expect that this effect would yield improvements 
in exoess of 3 dB. In addition to, or instead of, this effeot, 
the binaural improvement might be an indioation of the oentral 
adaptation investigated by Kay and Matthews (1972). It will be 
remembered, that these investigators found less adaptation for 
binaurally presented stimuli than for monaurally presented ones. 
Preliminar,y experiments showed a 3 dB lowering of threshold 
in the binaural case for statio stimuli with delays between 1 and 
3 ma and of 250 ms duration. This might be a reflection of the 
extra information presented to the oentral processor, as a result 
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wJiAPl.'ER 5. BACKWARD MASKING 
As mentioned previously, some types of sequen~ial auditor,y 
stimuli appear to be subject to a process similar to that which 
would be expected from lateral inhibition mechanisms, which act 
along the frequency axis. This is shown most clearly in results 
of Houtgast (1972a). Houtgast used two experimental techniques; 
the one most relevant to the worR presented here he called 'repeated-
gap masking'. In this method the masking sound was presented 
with a repeated time-sequence: on for 150 ms and off for 50 ms. 
The 20 ms duration probe tone was presented in the centre of the 
off period. The repeated-gap threshold for the probe tone was 
compared with that for convential continuous simultaneous masking. 
Threshold differenoes as a function of masker frequenoy between 
the two methods were similar to those observed in lateral inhibition 
systems (e.g. as observed in the limulus eye; see Hartline, 
Ratliff, and Miller (1961) for a general review of these mechanisms 
in the visual system). This 'lateral inhibition'-like masked 
audiogram was observed for high-, and low-pass noise, and tonal 
maskers. In another paper, Hou~ast (1972b) indioated a similar 
sequen~tia1 'lateral inhibition' effect when using an n+dn masker. 
(In this case, he used his other psychophysical teohnique: 'pulsation 
threshold determination'). An earlier experiment than those of 
Houtgast, whioh also showed that temporal masldng was not as simple 
as oontinuous masking was reported by Miller (19~7). In his 
main experiment, he amplitude-modulated both the signal and the 
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Fig. 5.1 • From taller (1947). Upper figure: stimuli used to study 
the temporal speead of masking. Lower figure : masking as a funotion 
of temporal separation of the masked and masking waveform. Note 
that if the masked frequenoy is greater than the masking frequenoy, 
then masking is greatest when the masked wave arrives slightly 
earlier than the masking wave . 
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masker by a 50 Hz, half-wave reotified sinusoid (i.e. the oarrier 
frequency was switched off during half of the modulation cycle). 
The relative phase between the signal and masker modulating funotions 
oould be continuously varied by the experimenter. The masker carrier 
frequency w~ held constant at 1 ~-~ and the masked threshold shift 
(difference between the masked and unmasked thresholds) was measured 
as a function of the relative phase between signal and masker modulating 
functions. The result (and stimulus paradigm) is reproduced in 
Fig. 5.1. It is apparent, that when signal and masker frequency 
are approximate~ the same, or the signal frequency is less than 
the masker frequency, then masking is maximum when the relative 
o phase is o. However, when the signal frequenoy is greater than 
the masker frequency, then masking is maximal at a relative phase 
of between 0 and ~/4C. 
Both the results of Houtgast and ~aller would suggest a 
non-simple interaction during temporal masking. It might be 
suggested that if one observes these effects in a oombined forward 
and backward masking situation, then perhaps they should be observed 
in one of the simple temporal masking paradigms. If the auditory 
system treated temporal signals in a linear manner, then it would 
be possible to state that if suoh effects are noted in certain 
temporal interaotions, then the effect should be revealed in at 
least one of the oomponent effects: forward, backward, or simUltaneous 
masking. However, it has been shown that the auditor.y system 40es 
not treat a temporal interaotion in a linear manner, and in particular, 
forward and backward masking effects do not linear~ summate 
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(e.g. see Pollaok (1964), Patterson (1971), and Wilson and Carhart (1971)). 
Some attempts have been made to elioit lateral inhibition with 
a simultaneous masking paradigm (e.g. Carterette, et. ale (1969)), 
but the results, although possib~ indicating a slight e~~ect, 
were in no way so clear-out as those of Houtgast. However, such 
an effeot is not observed in all experiments involving sequential 
presentation of signal and masker. The sequential masking e~feot 
that has been most studied is that of forward masking (post- and 
per-stimulator,y masking being perhaps the simpler, conceptually). 
Forward masking is o~ interest in that it would appear to form 
one of the more rapid oomponents o~ auditor,y ~atigue (see Zwislocki 
and Pirodda (1952)). Zwislooki and Pirodda showed forward masking 
audicgrams for a 3.15 kHz masking tone, which are somewhat wider 
than those presented by Feldtkeller and Zwicker (1956) for simultaneous 
masking (for masker intensities in the range of 20 to 100 dB 
re 2 x 10-4 P b). The stimulus paradigm cf Zwislooki and Pirodda 
was: 400 ms masker, 150 ms quiet period, and 30 ms probe tone. 
However, the threshold elevation observed by Zwislocki and Pirodda 
is somewhat" greater than is observed in m~ of the more reoent 
studies of forward masking for inter-burst intervals of 150 rns 
(e.g. see Elliott (1962 and 1967p. Henoe, these results may not 
be oompletely acoeptable. However, Glattke and Small (1967) have 
performed an experiment using forwa.rd masking whioh should be 
ideal in illustra.ting any lateral inhibition phenomenon, if present. 
The aim cf this experiIoont was to determine the frequency selectivity 
of the ear in forward masking. To do this they used one of the 
olassioal teohniques whioh yields a value of the 'critical bandwidth' 
when applied tc per-stimulator,y masking. That is, obtaining the 
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masked audiogram for a masker composed of a pair of tones, for 
a variety of values of frequency separation between the tone pairs. 
(Often narrow band noise is used as the probe, or the masker, 
in the per-stimulator,y case, in order to reduce a~ problems of 
beats, etc.) The tone-pair frequency separation at which a minimum 
in the audiogram is observed between the two tone frequencies, 
is defined as the bandwidth for spectral resolution (the rlethod 
is described more fully by Feldtkel1uand Zwicker (1956), Greenwood 
(1961), and Scholl (1962». Using a 80 dB SFL, 400 ms duration 
masker, 20 ms silent interval, and a 40 ms duration probe tone, 
Glattke and Small showed that there appe~rs to be no spectral 
minimum in the forward masked audiogram, for frequency separations 
of twioe the conventionally aocepted critical bandwidth (in the 
region of 800 and 3200 HZ). These results are in agreement with 
those of Zwislooki and Pirodda, in as much as they show a poorer 
speotral sensitivity for forward masking than for simultaneous 
masking (whioh is the opposite of what one would expeot from the 
tYre of lateral inhibitory meohanisms suggested by Houtgast if 
assumed to be specific to forward masking processes). However, 
it should be pointed out that reoent reports (Yost and Bergert 
(1972), and Wightman and Houtgast (1972» have indicated a forward 
'sharpening' when using an n+dn stimulus as masker (which was used 
b,y Yost and Bergert; Wightman and Houtgast used a tone plus noise 
masker) and a tonal probe. Auditory facilitation after adapl~ation 
has often been noted, e.g. Rubin (1960). 
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Henoe, one is led to ask: what is the factor which leaus 
to the 'lateral inhibition' results of Houtgast. The most obvious 
oandidate is baokward masking (a suggestion which is partially 
reinforced by the results of !.!j.ller (194-7». Backward masking 
has been fairly well investigated in recent years, but o~ 
oooasionally has the masked audiogram been measured. 
It would seem that the first investigation of the backward 
masked audiogram was undertaken by Samoilova (1956) (this was probably 
also the first study of backward masking, as such). Samoilova 
obtained the audiogram at masker frequenoies of 500 and 1000 Hz. 
The stimulus paradigm whioh she used was as follows: 20 ms probe-
tone duration, 2 ms quiet interval, Rnd 300 ms masker duration 
and 80 dB SL. For the 500 Hz masker, the audiogram (averaged 
results for six subjeots) showed a peak of masking for a probe 
frequenoy of approximately 500 Hz. However, when the masker frequency 
was 1 kHz, the peak of masking was at a probe frequency of 1.76 kHz. 
It would appear tha.t Samoilova investigated this effect furtber, 
in Samoilova (1959a). However, I was not able to obtain a copy 
of this paper (even through cirect appeal to its author). However, 
the results are s~~arised by Elliott (1962) as follows:-
"In a later artiole (1959a) Samoilova investigated masking 
effects obtained with different frequencies. Considerable individual 
differences among SiS were noted and some of the highly trained 
SiS differed between experiments as muoh as 20 to 25 dB while 
others remained very consistent. II 
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As Elliott does not mention the frequency shift phenomenon 
in her reporting of the 1956 Samoi1ova paper, it is difficult 
to know whether this is the phenomenon for which the great 
variability was noted. However, it is probab~ of some significance, 
that in a later paper (Samoi1ova (1959b), a comparison of forward, 
backward and per-stimulator,y masking, she used a probe tone whose 
frequency is 1.2 times that of the masker. This result would seem 
to be fairly consistent with that reported by Miller (1947) (allowing 
that some forward masking occurs in Miller's experiment). 
A preliminary result of Wright (1964) would also suggest 
that backward masking is not treated in the same way as simu1tane~ls 
masking, by the auditory system. The stimulus paradigm used by 
Wright was a mixture of pre-, and per-stimulatory masking. The 
signal started at a time ti before the onset of the masker, and 
ended 100 ms before the masker ended. The masker was of 600 ms 
duration. The signal was a pure tone and the masker was a band 
of noise, centred at 1000 Hz and of 162 Hz bandwidth, and at a 
level of 80, dB. The results showed a considerab~ narrower masked 
audiogram when ti = 25 ms, than when ti = 0 ms. This was most 
noticeable at approximately 20dB below the peak of masking, when 
the widths of the masked audiogram were approxiDate1y 890 and 
1800 Hz, respectively. For ti much in excess of 25 ms, the amount 
of masking decreased considerably, and the audiogram became much 
wider than that for ti = 0 ms. However, in this experiment, there 
was no difference between the masker centre frequenoy and the IIBximally 
masked signal frequenoy, perhaps because of the influenoe of the 
per-stimulatory masking. 
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A frequency offset is possib~ visible in a result of 
Elliott (1967). The stimulus paradigm was as follows: 10 DIS 
probe-tone duration, variable silent interval, and 200 Hz-wide 
band of noise masker, centred on 1.27 kl-Iz. The peak of masking 
is between 1.6 and 1.8 :nz for inter-burst delays of 10, 15, and 
20 ma. However, this result is not quite as clear-cut as it might 
otherwise seem, for two re3.sons: a) for a continuous ma.s:,:er, 
the peak of masking would seem to occur at 1.6 kHz, and b) the 
ordinate of the figure presenting these results appears to be in 
error (in particular, the marker dencting 1.2 hllz appears at 1.3 k!~ 
on the scale given in the figure, and the pointer denoting the masker 
centre frequency would seem to be placed lower tha.n it should be); 
hence, full confidence cannot be placed in this result (the 5:1:;1e 
inexact figure is reproduced in Elliott (1971»). 
:.fany of the experiments reported on backward maskinG were 
carried out at rather high masker levels, which might lead one 
to suspect that the peripheral system is acting in a non-linear 
fashion, tha. t might not be typical of its behaviour at lower masker 
levels. For this reason, and to help to clarify some of the ap~arent1y 
oontradiotory evidenoe reported in the literature, further e:::periments 
were oarried out to determine the audiogram for backNard lllasking, 
and the parameters affecting them. T:'1is investigation had the 
secondary aiJa of determining whether results of temporal ::1aslcing, 
and in particular back~ard mas~ing, would be of a~ use in obtaining 
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Fig. 5.3. (Upper) Difference between masked probe tone threshold 
and unmasked threshold, as a function of probe tone frequency. 
Stimulus paradigm in inset. 





The apparatus ased was as shown in FiL• 5.2 (lower). 
Once again, the psychophysical method used wa.s the r:;ethod of 
adjustment, as described in Section 2.5. The apparatus was set 
up to produce the stinulus paralligm shown in Fig. 5.2 (up_:er). 
This stimulus was repeated onoe every second. In most cases the 
masker level was approximately 60 dB SL. 
5.1,2. RESULTS JL~D DISCUSSION 
Preliminary experiments, using a 1 ~{z masker, confilwed 
that the audiogram ~or ~orward maskine was similar in shape, and 
position to that obtained for sirIlultaneous masking. Also co:nt'irmed, 
was Samoilova's (1956) result that there was little shift in 
the backWard masting audiogram for a 500 Hz masker. This ba.clrnard 
masking paradigm was investigated ~urther, and the results ~or 
at least six trials per point is shown in Fig. 5.3. The stimulus 
parameters are given in the inset to each figure. (At this time, 
the author was unaware o~ the results of Sa~oilova, and so ereat 
care was taken to ensure that the frequency shift observed was 
not the result of an arte~act. Both probe and masker were: 
filtered by a pair of 1/3 rd octave ~ilters. Spectral an~8is 
of the stimulus showed negligible masker energy at any ~requency 
above 1.1 kHz.) The run-to-run· variability observed by Sa~oilova 
(1959a ) was also noti.ed in this experiment, especially at frequencies 
at, and above, the peak of masking. The stanlU'd error varied 
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from about 1 dB at 500 Ez to about 5 dB at 1.4- k:lz and at hicher 
frequencies (standard errors in excess of 8 dB, which could usually 
be ascribed to lack of attention, etc., were subject to retrial). 
The unmaSked audiogram has also been provided in the figure in 
order to indicate where deviations in the masked audiogra:n might 
be a. result of errors in the measurement of the unmasked threshold. 
For example, it would seem reasonable to suggest th.'1. t the pe.'\k of 
the masked audiogram at 1.75 k:~z is due to a low measure of the 
ummasked threshold. Results for two other (naive) subjects (both 
musicians) are shown in Fig. 5.4, and 5.5, this time using a 2 ms 
inter-burst interval, and a 120 ms duration masker. The subjects, 
although exhibiting 
results to those of 
considerable variability tend to show similar 
tJ"~':>"'jh 
GFP ~he subject in Fig. 5.4- exhibited considerable 
variability at a probe frequency of 1 kHz (be~een 7.5 and -7 dB),A 
showed a repeatable enhancement of threshold at 1.2 and 1.3 kiIz). 
Once again, maximal masking was exhibited at probe frequencies 
in excess of the masker frequency. The effect of inter-burst 
delay, masker SL, masker duration, and 1 and 4 ~{z maskers, for 
subject GFP, is presented in Figs. 5.6 to 5.12. 
One thing is fairly clear, and that is that for a given 
subject, under the same experimental conditions, the audiogram 
is not quantitatively repeatable (as suggested by the results 
of Samoilova (1959a». For example, compare the results for 
t. t = 10 ms, and D = 50 ms, at a masker frequency of 1 kHz, shown 
in Figs. 5.3 and 5.7. In Fig. 5.3 the peak of masking is a.t a 
probe frequency of 1 .... kHz, whilst for Fig. 5.7 it is atl .. {·2. kl':z 
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Fig. 5.8• Baokward masked audiograms for 4 kHz masker for various 
values of masker duration. 
(lateral smoothing emplmyed for upper ourve) 
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Fig. 5.7 has been subject to lateral smoothing, whilst Fig. 5.3 
has not). This would indicate that the processes leading to this 
phenomenon are somewhat plastic. Perhaps suggesting some degree 
of central control due to integration of past experience over 
some fairly long time (the results of Fig. 5.7 were obtained some 
three months after those of Fig. 5.3). 
Although the effect of each of the stimulus parameters 
is inter-related, it would be of some use to describe their effects 
separately. 
5.1 .2.1 • EFFECT OF ~!A.SKER FREQU'.ENCY 
This was investigated extensively at two frequencies only; 
1 and ~ kHz. The results would suggest, that the higher the frequenoy 
of the masker, the more pronounoed the frequency offset between 
masker frequency, and maximally masked frequency might possibly 
inorease slightly with incre~sing frequency (from 1.15 to about 
1.25). 
5.1.2.2. EFFECT OF INTER-BURST INTERVAL (Figs 5.9 and 5.10) 
First oonsider Fig. 5.9 for a 1 kHz masker frequency. 
The frequency offset would seem to be established very quickly 
after the signal and masker become oonsecutive, with little or 
no transition between maximal~ maSking at the masker frequency, 
and that at the offset frequency. The value of the frequency 
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offset does not seem to depend greatly on the value of~. The 
only value of A t for which there is any great amount of masking 
at the masker frequency is at the lowest (At = -5 ms). For frequencies 
below 1.4 kHz the trend is for interactive effects (masking and 
enhancement) to decay with inoreasing~. However, above a frequency 
of 1.4 kHz, there is far more variability in the curve as a function 
of At. 
For the 4 kHz masker (Fig. 5.10), the inter-burst interval 
has a somewhat similaT effect. At a 4 kHz probe-tone frequency 
a slight facilitation is observed for small At, Which increases 
up to 4 t = 0 ms, and decays thereafter. Presumably, this effect 
is due to a emall amount of simultaneous masking being present 
at low values of 6t, the effect of which decays faster than the 
baokward facilitation, as At is increased. A simple decay of 
maSking is not observed for increasing At at probe frequencies 
in exoess of 4 kHz, there being some oscillation of the threshold 
(a similar behaviour was observed for the 1 ~iz m~sked audiogram 
for probe frequencies greater than 1.4 kHz (Fig. 5.9)). For 
example, at 5 kHz probe-tone frequenoy, the masking deoays f~om 
At = -5 to 0 ms, inoreases again at At = 1 ma, and has another 
minimum at At = 10 ms. The effeot of .4 t for a 5 kHz ma.sker a.nd 
a 6 kHz probe has been investigated by Samoilova (1959b). The results 
of that 8tu~ did not show the osoillations of Fig. 5.10, but the 
masking did deorease in a step-wise fashion as At ~as inoreased, 
perhaps implying an osoillatiDI function superimposed upon an expon-
ential deoay of masking (this is even more mazked when one examines 
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the results 60r individual subjects, rather than the overall 
average). Elliott, however, (1967) using a narrow band of noise 
oentred at 1.27 kHz as a masker did not observe a~ osoillations 
at probe-tone frequencies in exoess of the masker frequency (up 
to 4- kHz). 
5,1.2.3. TEE ~'ECT OF 1~KER LEVEL (Figs. 5.11 and 5.12) 
The effeot of masker sensation level was investigated 
over a range of 4-0 dB. This range was limited to the intermediate 
sensation levels, whioh were less well studied by Samoilova (1956) 
than the higher and lower levels. . The results produoed 
by Samoilova, using a 1 kHz masker, and a 1.4- kHz probe-tone, 
indioated that masking increases at the same rate as masker level 
srJ(rr;s;", jl;h 
inoreases' A this was not observed in the present results, whioh 
show very little change of masking as a funotion of masker 5t, 
and in4eed in some oases there appears to be a reduotion of masking 
for increasing masker St. However, oloser examination of 5amoilova's 
results for individual subjeots indioates the possibility of the 
existenoe of a plateau of ~sking over some of the range of the 
masker st. The region over whioh these plateaux exist varies 
from subjeot to subjeot, and so is canoelled out in the averaged 
results. It should also be pointed out that Samoilova obtained 
oonsiderably more backward masking than was obtained in the present 
experiments (or indeed by most other observers (see oomparison 
of the different studies of backward masking by Duifhuis (1972) 
Ch. 5). It would seem that a result similar to that found here 
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was al so reported by Miller (1947), who, in a preliminary experiment, 
reported that "when the masking is high ••• the masking ••• becomes 
fairly indtpendant of the listening level, while near threshold 
it Cthe maskingJ is very nearly a direot funotion of it [the 
listeJling levelj". Zwislooki (1971) showed a reduotion in oentral 
masking for increasing masker 8L for masker levels between 40 and 
80 dB. Suoh a result as this effect of masker SL is not consistemt 
with a theory that backward masking is a oonsequenoe of the highly 
tuned nature of the peripheral system, as was suggested by Duifhuis 
(1972). 
5.1.2.4. EfFECT OF ~~KER DURATION (Fiss. 5.6 to 5.8) 
Elliott (1964) showed that the duration of a broad band 
backward masker had no signifioant effeot on the baokward masking 
of a probe-tone. She suggested that masker onset effeots were the 
ones most neurop~8iologioally active in baokward masking. The 
results for the present, study are presented in Figs. 5.6 to 5.8. 
The variability in these,curves has been smoothed somewhat, by 
weighting the masked threshold at a given frequency by half of 
the value at both adjaoent frequencies. This smoothing operation 
is not intrinsically destructive of information, and in principle 
the raw results may be obtained from the smmothed results. In 
praotice, this reverse smmothing might lead to a little 'noise' 
being introduced. However, it was felt unnecessa.r,y to present 
the raw results in the figures. The fluctuations which were most 
effeotively smoothed by this operation were those at freq~encie8 
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in excess of the peak of masking. There appears the be very little 
oonsistent effeot in the peak amount of masking as a fUnotion of 
maSker duration. In both cases, it would seem that a reduction 
of masker duration from 200 to 50 ms is aocompanied by a .elative 
shift of masking from the masker frequency to a higher frequency 
peak. Independent of masker duration, there is little or no masking 
at about 1.7 kHz for a 1 kHz masker (in this series of experiments, 
oonsiderably more masking was found at 1 kHz than in experiments 
oarried out earlier or later in the series). 
The effeot of probe duration was not investigated. However, 
Samoilova (1956) found that masking deoreased with increasinG 
probe duration, until there was very little masking for a 80 ms 
duration probe. The shape of the ourve is very similar to that 
for the effect of inter-burst interval, which is a very reasonable 
result, and which would be expected from the most basic linear 
models for baokward masking. 
5.2. DICHOTIC BACKWARD : ~.ASKING 
The multi-peaked masked audiograms of Figs. 5.6 to 5.12 
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suggest that possibly the particular stimulus oonfiguration is 
exoiting a 'residue' detecting mechanism. It has been suggested 
(Houtsma and Goldsteib (1972)) that such a meohanism might be 
situated within the central auditory system. Hence, it was of 
Bome interest to investigate the effect of presenting the masker 
to one ear, and the probe to the other, i.e. diohotio backw'3.rd 
masking. The apparatus of Fig. 5.2 (lower) was modified, and 
added to, in order to oar~Jout some experiments using a diohotio 
stimulus paradigm. The results of these preliminary experiments 
are shown in Figs. 5.13 to 5.17. (These figures have been subjeot 
to lateral smoothing, as were Figs. 5.5 to 5.7, as was desoribed 
in Seotion 2.1.2.~). Diohotio masking is oonsiderably less than 
in the monotio oase, b~ the general shape of the masked audiogram 
is fair~ similar. In partioular, the lack of masking, or facilitation 
at the masker frequenoy, and the peak of masking at a frequency 
higher than that of the masker. There is also some indioation of a 
periodioity in the audiograms with respect to frequency, especially 
at the higher two frequencies. Onoe again, the position of the 
peak of masking is relatively independent of the inter- burst 
interval, ~ t, and the uasker SL. 
5.3. GE!;ERAL DISCUSSIO:r OF THE RESULTS 
The mechanisms underlying masking are still not cor.:pletely 
understood, although it would seem from neurophysiological evidence 
tha. t ·several mechanisms might play a part. Watanabe and Simada 
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(1971) have undertaken a study of temporal masking effeots at 
the level of the oat's oochlear nuo1eaa, and inferior oollioulus. 
Using a tone pip at the unit's CF as a probe, and a wide band 
noise as masker, they noted only effeots whioh might be thought 
of as forward masking at the ooohlear nuoleus level, and both 
forward and backward masking in the inferior oolliou1us. They 
suggested three mechanisms which might be responsible for baokwnrd 
masking in the inferior colliou1us. The,se: may be summarised as 
fo110ws:-
1) 'On' type neurons, with a long latenoy in response 
to the probe tone. I.e. the 1atenoy to the 'probe is grenter tl19.n 
to the noise, and thus the noise on-response obliterates the 
probe response. 
2) inhibition by noise bursts. As with 1) above, this 
mechanism relies on the differential 1atenoy of response to the 
two stimuli, however, in this oase the noise burst inhi'Jits the 
response to the probe-tone. 
3) 'Off' typeneurons. In these responses, it would appear 
that the offset of the probe is not sufficient~ well-differentiated 
temporally from the masker onset response to .lioit an off-response 
to the probe. 
Watanabe and Simada found little or no backward masking 
for inter-bU3st intervals in excess of 10 DS, whilst psychoacoustical~ 
the masking is present for inter-burst intervals in excess of 100 ms. 
They found forward masking for intervals of up to and in excess 
of 100 ms, even in the cochlear nucleus. Indeed, the course of 
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their curves for forward maskin::; was very similar in shape to that 
"& 
observed psychoacou~~cally. 
Certain other phenomena might also be responsible for temporal 
~sking, although these perhaps might not be observed in single 
unit responses, especially at the lower levels. The experiment 
to deterd.ne the backward ma.sking audiogram might be thought of 
as requiring two or more discriminatory mechanisms. One for when 
the probe and masker are present within the same channel, at the 
peripheral level, and the other for when they are conducted by 
separate cha...'1Ilels. When the signals are conducted along the same 
channel (e.g. they are of a similar frequency, in the peripheral 
auditory system), then the following mechanisms may be used:-
a) because of tm highly tuned nature of the peripheral 
auditory system, the channel takes some time to respond after signal 
onset, and .ontinues to ring after the probe offset. This is 
equivalent to a temporal shift of the mean signal energy in the 
direction of the masker. This was suggested by Duifhuis (1972) 
to be one of the major components of backward masking (and similarly 
tor forward masking). However, the findings of Watanabe and Simada 
(1971), who found no backward masking at the level of the coohlear 
nuoleus, would suggest that this mechanism is not so important 
as Duifhuis supposed (although the observation of forward masking 
in the cochlear nucleus might suggest that this mechanism might 
have SODle effect in that case). 
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b) the subject's task miGht be considered as being to detect 
ohanges in total energy at the output of a running-temporal integrator. 
When the amount of' enerc:;' contributed by the probe is statistically 
negligible in comparison with the contribution of the masker and 
the noise inherent in the channel. However, such a mechanism 
would suggest th~t an increase in masker duration would lead to 
an incre"'.se in masting (up to a masker duration of' about 200 ms, 
if the temporal integrator discussed by Zwislocki (1960) is responsible). 
This is not observed experimentally. Although qualitatively this 
mechanism suggests that the shape of the peak masking as a function 
of time, it does not quantitatively provide a good fit. 
c) one can invoke the non-linear phase oharaoteristic 
of the peripheral auditory system. Thi.s is the phenomenon whereby 
a neural response is observed with a shorter latency for intense 
sounds than for less intense ones (Deatherage, Eldredge, and Davis 
(1959) showed that the AP, N1 latency in the guinea pig cochlea 
decreased as a fUnction of signal intensity (at about 15 ps/dB 
for 8 kHz to!le bursts) and L:Y!ln (1969) showed that a sinilar 
effect was also observeable for the 'centre of gravity' of the 
click-induced PS~-histogram produced by Kiang, et. ale (1965). 
These showed slopes of 4- to 90 ps/dB~ In the backward ma.sking 
situa.tion, the low intensity probe would have a longer latency 
than the high intensity masker. At a certain intensity relation 
between masker and probe one would expect simultaneous ma.sl~ 
to occur, and hence def'ine a. threshold in that way. In this case, 
one would expect masking to increase direct~ with masker level. 
This was not observed in the experiments reported in this cha~ter, 
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although it is in line with the mean result for six subjects of 
Samoilova (1956). This process may be functionally associated 
wi th Watanabe and Simada' s mechanism #1 and #2. It might be expected 
to reduce the effect of forward masking. The effect has not been 
demonstrated, to date, at the level of the coohlea for an intense 
and a quiet stimulus, in close temporal proximity. 
d) the auditor,y system might detect the silent gap between 
probe and masker. Thus at a suffioiently" low probe level the Ga~) 
would be insufficiently resolved against the background noise. 
This would explain the lack of effectivemess of masker duration 
and intensity. For longer inter-burst intervals, the gap would 
be better defined statisticall~ and hence less masking would occur. 
Plomp (1964) determined the relative intensities between two noise 
bursts at wiich the temporal gap between them was just peroeptable 
(he conceived of this experiment as being a method for determining 
the rate of decay of the auditor,y sensation). His results showed 
that the wider the temporal gap is, then the smaller is the intensity 
of the second burst with respect to the first, for the gap to just be 
perceived. Unfortunately, for this investigation, he did not 
attempt the equivalent experiment, of reducing the intensity of the 
first pulse. This experiment might perh~ps indicate how much 
of the asp discrimination was affected b;i the deca.y of the sensation 
of the first burst, and how much by other limitations of the auditory 
system. A temporal gap delhi ted by two broad-band signals can 
be detected for remarkably short gap times in comparison with 
the stimuli without the ga.p. Leshowitz (1971) found that a 20 ps 
duraticn pulse could be differentiated from two 10 ps duration 
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pulses separated· by a time gap of 10 }ls. Further experiroonts, 
however, suggested that the discrimination was carried out by 
reoognising the different spectral patterns of the two signals 
(although the equivalence in many ways of short-time srectral 
and temporal analysers can lead one to interpret some of Leshowitz' 
results as favouiling either system). Results of Wallach, !'Jewman, 
and Rosenzweig (1949) would suggest that for a gap to be discriminated 
temporally, it has to be of a few milliseconds duraticn. 
e) periodicity detection might possibly playa role 
when the probe and masker are of similar, but not identical frequencies, 
but there is little evidence to substantiate this possibility. 
Subjective~, it would seem that at the point at which 
the probe and masker are close in frequency, the temporal relation 
between the two is very important for making the disorimination 
near to the masked threshold. That is, the differenoe between 
the maSker alone and the probe plus masker is perceived as a 
differenoe temporally looated near to the onset of the masker. 
When the probe and masker are well separated in frequency, then 
one hears two separate trains of tone bursts, that of the probe 
aad that of the masker, and it is not immediately appa.:Cent what 
the tempo~al relation between the two is, except by paying attention 
to that aspect. If attention is payed to the temporal relationship, 
the masked threshold is not great~ affected. It would seam that 
the point of maximal masking oocurs at a frequency at which neither 
of these strategies is very apt (although this cross-over reGion 
is not very well-defined or stable). 
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When the temporal relation between the two pulse t:ca.ins 
is not well-defined, then presumably that is because the signals 
are transmitted via separate channels, the temporal relation between 
the signals in each channel i8 not maintained. In that case, one 
might expect that the masking occurs fairly centrally. The masking 
might perhaps show how the channels carrying different frequency 
information are interconnected at higher levels. Presumably, it 
i8 only at these levels that the temporal relations between probe 
and masker has become sufficient~ lost for masking to occur. 
This suggestion is corroborated by the results of Watanabe and 
Simada in cat, where the sp~ad of baokaard masking was only over 
a range of inter-burst intervals of 10 ms at the level of the 
inferior colliculus. 
The results of Houtsma and Goldstein (1972) would suge;est 
that the site for the generation of the 'residue' is fair~ central. 
The dominant region concept (e.g. see Ritsma (1967), Wilson (1970)) 
would suggest that there is a residue pitch whioh is optimally 
detected when the primaries are in a certain frequency region. 
Wilson (1973) has postulated a possible place pattern recognition 
mechanism for the deteotion of the tresidue'. It would seem that 
if the hypothes6s cited in the previous paragraph concerning 
baokward masking are oorreot, then one might expect that the inter-
connection of suoh a pitch pattern detector might be revealed. 
Presumably the oentral prooesses are not revealed in simultaneous 
masking because the temporal proximity of signal and ?robe leads 
to oonsiderable interaotion at ~ lower level than that of interest, 
- 191 -
and so the effect of the central process is reduoed to insignifioanoe. 
Similar~ for forward masking, one might suppose that the decay 
of sensation of the intense masker contributes maximally to tile 
masking effect (this would seem to be the case neuropQysiologically, 
even at the level of the cocluear nucleus, when the signal and 
masker are carried by the same channel). However, even with simultane-
ous masking, of a tone by a tone, sometimes a secondary pea~ is 
observed on the high frequency side of the masker frequency (e.g. 
see Greenwood (1961) who showed a seoondary peak at about 725 Hz 
for a 500 Hz masker, 1355 Hz for a 1118 Hz masker, and 3,'00 ~:z 
for a 3265 Hz masker, all with a 60 Hz wide narrow band of noise 
as the probe). Often, a seoond peak appears in a tone masking 
audiogram at high masking tone intensity, above the ma.sker fre(~uenoy. 
This is often ascribed to masking by the seoond harmonic of the 
masker (due to internal distortion of the m'1,sker), but the seconda.ry 
peak of ma.sking does not always have its maximum at the second 
harmonic frequency (e.e. Feldtkeller and Zwicker (1956), Fig. 3.5, 
show a. peak below the second harmonic frequency fo~ a 70 dJ, l~u 
masker, whilst above it for a 90 dB, 4 kHz masker). 
*-Fig. 5.18 shows Wilson's (1970) data for spectral dominance. 
Also, plotted on the same figure are empirical points obtained 
from various sources, plotted on the assumption that any frequency 
offset observed is a reflection of a central mechanism similar 
to that suggested by Wilson (1973). These results are taken from 
the following souroes:-
Greenwood (1961) for simultaneous masking audiogrruns for 
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* Footnote to page 191. 
As was mentioned in Section 4.1.1 (page 104), Idilson's pitch detection 
model attempts to relate adjacent peaks of the sic,nal spectrum 
to (adjacent) harmonics of a periodic signal. The pitch of the 
signal is equivalent to the fund8.J'1lental of the matched periodic 
signal spectrum. It may then be assUJned that the frequency shift 
observed in backward masking experiments may oe .L'eial.ea to the 
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Fig. 5.18• Comparison of d_minant region predioted from masking 
expeliments, in oomparison with that determined direotly. 
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a tone masker, and 60 Hz bandwidth noise probe; and for Greenwood 
(1971), for tone-probe, tone masker, as well as for a narrow band 
noise masker. The separation between the two peaks of the masked 
audiogram was used. 
Miller (1947): the separation between the frequency offset 
for backward masking, and the masker frequency was used (some 
interpolation of data points was used for the 440 Hz masker). 
Samoilova (1956): the separation beb1een masker frequency, 
and backward masking offset for monotic masking was used. 
The present study: the separation between masker fro:~uency, 
and backward masking offset for dichotic and monotic maskil~. 
The points fit the do:::.inance curve reasonably well,: but 
there are some fairly consistent divergencies from the spectral 
dominance curve. In particular, the points would see!u to indicate 
a rather steeper curve in the middle region of the ordinate. 
This divergency is emphasised when the data points and dominance 
curve are replotted in a different way (Fig. 5.19). In this 
figure the dominant frequency centre is plotted as the abscissa, 
and the ordinate represents the relative frequency offset (the 
offset freq.ency divided by the masker frequency). Also shown 
in the figure is the value expected for the offset factor from 
Wilson's dominant region experiments. At lower dominant frequenCies, 
the expected offset factor is higher than expected from empirical 
results, and at high frequencies it is lower. However, this might 
indicate some detail of tke central interconneotions, which are 
not shown in a graph which indioates simply the centre of tl~ 
region of spectral dominance. For example, the method used by 
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Wilson (1970) for determining spectral dominance, was to determine 
the threshold spectral modulation depth for an n+dn stimulus at 
a variety of high- and lo~pass cutoff frequencies. The centre 
of the dominant region was then defined as the filter cutoff 
frequency about which the threshold curves for high- and low-pass 
filtering are most symmetrical. As Fig. 7 of Wilson's (1970) 
paper indicates, the degree of overlap between the high- and 
low-pass curves depends upon the value of the inter-noise del~, 
At. For At = 0.625 ms, the high-pass cutoff coincides with the 
low-pass cutoff. For 4t = 2.5 ms there is an overlap of tl~ 
threshold curves, of approximately 400 Hz, and for At = 10 ms, 
there is an 'underlap' of approximately 700 Hz. Unpublished results 
of Wilson indicate that there is overlap for the middle values 
of fA t (6.625 to 2.5 rns for subject JPN, and 0.313 to 10 ms for 
subject GFP), whilst 'underlap' occurs for higher and lower values 
of delay. One interpretation of these results (as Wilson privately 
suggested) would be that a pattern recognition meohanism is fairly 
well connected over a fairly large dominant region for the intermediate 
values of delay, whilst for the extreme values, the interco~mection 
is much more diffuse, requiring integration over a large portion 
of the dominant region to enable a pitch determination to be made. 
Hence, even at the centre of the dominant regions for one of the 
extreme values of delay, the inter-connectivity might well be 
stronger for analysing one of the more median values of At. 
This supposition, would, of course, suggest the direction of the 
deviation of the masking data from the dominant region data which 
is observed in Figs. 5.18 and 5.19. R.ather than detecting the 
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centre of the dominant region, the working hypothesis would sUGcest 
that the masking experiments were detecting the most dominant 
interoo~~eotion in th3t frequenoy region. 
Results of FO'.lroin (1965), using an n+dn stimulus, in a 
pitch-matohing p~radigm, if interpreted on the hypothesis of a 
pitch pattern recognition mechanism, would tend to suggest th~t 
the dominant region was assooiated with peaks number three and 
four for spectral separation from 110 Hz to 1.2 kHz (this wan 
pointed out by Wilson (1973)). That is, associated with an 'offset 
fac tor' of 1.2 to 1.3 in Fig. 5.1:1 • Perhaps sug,;esting a stronger 
interconnection for a given interval when the results are averaged 
over the four subjeots usec~ by Fourcin. Such a result would be 
more in line with the mean result averaged over many masldng 
teohniques. 
It should be pointed out that Greenwood (1971) interI)reted 
the subsidiary peak of the simultaneous masking a.udiogram as 
being due to combination distortion products between the signal 
and the maSker. He suggested that this interpretation is indic~ted 
beca.use the addition of a low-pass noise with a cutoff at the masker 
freiuency wipes out the seoondary maximum. This, he suggested, 
was because the noise is masking the combination product. IIowever, 
this result could also be interpreted as indioating that the noise 
is exciting other pattern recognisers, the response from which 
is averaging out the effect of the peak. 
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Resul ts from simultaneous central masking experiments 
(e.g. Zwislocki (1971» also show multi-peaked masked audiograms 
in some cases. For example, for a 250 ms duration masker (in 
this experiment, Zwislocki used the masker frequency as the independent 
variable), for a 20 dB SL masker, maxima occur at m~sker fre~uencies 
of approximately 700 Hz, 1 kHz, and 1.4- kHz. As the naaker SL 
is increased, the shape of the audiogram gradually changes until 
for a 70 dB 5L masker, the audiogram h.1.s only two peaks at masker 
frequencies of 450 and 910 Hz. Perhaps these results indicate 
a similar effect is oocuring in simultaneous dichotic masking 
as that observed in dichotio backward masking. The major difference 
being that in the simultaneous case, considerable masking occurs 
when masker and probe are at the aame frequenoy, whilst in the 
baokward oase, enhancement is often noted. 
This lack of baokward masking at the masker frequency 
in both the dichotic and monotio case is a point which is not 
accounted for by the hypothesis concerning the place pattern recognition 
mechanism. One would expeot a masking maximum in bQth cases. 
Presumably, in the momotic case, one can assume that because 
the probe and masking tones are conducted by the same channels, 
even at the peripheral levels, that some mechwam is used for 
detecting the probe, which is not greatly affected by the masker 
burst. However, this is less likely to be the case for the dichotic 
oondition, where peripheral conduction is via separate channels. 
For simultaneous dichotio masking it would seem that the e~~eoted 
result is obta.ined, however, not in the case of ba.ckward ::.asking. 
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The maximum value of inter-pulse delay used in the present experiments: 
40 ~s, w~s far in excess of that needed for localisation. Blodgett, 
WilbalL~s, and Jeffress (1956) showed that under what they considered 
to be optimum conditions, the ability to lateralise a sound image 
was lost for inter-aural time delays in excess of 20 1.1S. Similarly, 
this delay is somewhat in excess of that for whioh the precedenoe 
(Haas) effect is operative. Wallaoh, Newman, and Rosenzweig (1911.) 
showed that even for complex signals, the Haas effect was lost 
for delays (of reverberation) of 4-0 ms, and for a pair of clicks, 
it was lost for delays of less than 5 ms. 
Hence, it would be most convenient to assume that a similar 
prooess is occuring in dichotio baokward masking as in the mono tic 
oase. That is, the binaural channels have converged at a level 
lower than that at which monotic backward masking oocurs. 
Another point whioh is not completely oonsistent with the 
model, as expounded above, is the lack of a periodioity in the 
backward masking audiogram, below the frequency of the maSker, 
espeoia1ly in the monotic oase. It is not clear why this should 
be, although at first sight it might be thought to be associated 
with the observation that the lower frequency cubic difference 
tone (2f1 - f 2), for f1 < f2' being very audible, whilst its 
higher frequenoy oounterpart 2f2 - f1 is not (Goldstein (1967». 
However, there are several compelling reasons which suggest that 
this non-linearity oocurs at a fairly low level of the auditory 
system (a fact which had not escaped Goldstein (1972», For 
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example, Goldstein showed that the combination tone could be c:1ncelled 
by a tone of the sa~e frequency, and at a given relative intensity 
and phase. Also, Goldstein and lCiang (1968) observed a synchro~ 
at the combinaticn tone frequency in the cat's auditory nerve 
when stimulated by a two tone stimulus. Houtsma and Goldstein 
(1972) provided evidence which suggested that a~ auditory pattern 
recognition occurred after the generation of the combination tones. 
However, the neurophysiological results of Goldstein and I\iang 
(1968) do not provide good evidence to suggest that the combination 
tone (2f2 - f1 ) is not generated just as strongly as (2f1 - f 2) 
(as they always arranged their stimUlus frequencies such that 
(2f1 - f 2) lay at the unit's OF, and so any response to (2f2 - f 1 ) 
would be well up on the high frequency slope of the tuning curve). 
De Boer, et. ale (1969) have shown periodicities phase-locked to 
(2f1 - f 2) which can be quite simply generated in the neural. 
transduction process, although, it can be quite simply shown 
(by computer simulation) that this mechanism generates almost as 
much of the (2f2 - f 1 ) component as it does its lower frequenCT 
oounterpart. Hence, one is still allowed to suppose that all 
of the cubic distortion products are generated at the level of 
the cochlea, and that the higher frequency one is lost through 
a more central (masking) process (e.g. as observed in the backward 
masking experiments), whilst the lower frequency combination product 
is not masked, and hence, is easily perceptible. Although this 
explanation does not cast any further explanation on the basic 
mechanism leading to the lack of spectral periodicities to the 
low frequency side of the backWard masking audiogram, it might 
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sugeest some further investigations o~ combination tones at the 
level o~ the auditory nerve. 
A result, which is possibly related to those of the present 
experiments, was presented by Hirsh (1959). He investigated 
the perception of temporal order of auditory stimuli. In the exper±ment 
of interest, he played two tones o~ different frequenoy, monaurally, 
to the subject. The onset of one of the tones was slightly before 
that of the other. The offsets of the two tones were concurrent. 
The duration of the longer duration tone was 500 ms. The task 
o~ the subject w~s to state whether the higher or the lower frequency 
tone was presented ~irst. When the tone frequenoies were 1.0 
and 1.2 kHz then the subjects could more easily correctly deteot 
the order of presentation if the low frequency tone onset preceded 
that of the high. Suoh an asym:netry w~s not observed for tones 
o~ 0.25 and 1.2 kHz, or 1.0 and 4.8 ~Iz. Little or no asymmetry 
was noted for tones of 0.25 and 0.3 ~1Z. 
The results presented in this section, and the models 
that they suggest, do not seem to be in agreement with tho~e 
reported by Houtgast (1972). There are t V10 maj or differences 
bvtween the experiments of Houtgast, and those reported here:-
1 ) Both forward and baokward maskine are possible in 
Houtgast's experiments; and 
2) the experiments were always performed with a pink 
noise background to the masker, covering the auditory fre";.uency 
range (i.e. the masker was a noise signal with a level change in 
its spectrum). 
It has been supposed here that forward masking occurs 
fairly peripherally in the auditory system, and might possibly 
exhibit lateral inhibition. However, it has been shown that 
forward and backward masking inter3.ct (Pollaok (1964)), and so 
one cannot assume that the results from eaoh t~pe of masking 
can be summed to produoe the properties of the two together. 
The existenoe of the pink noise bao:{ground to the masker 
might provide the clue to the d~fferenoe between the two experiments. 
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The noise might be masking the effects at the central level, to 
such an extent that the response at a more peripheral level is 
being exhibited. 
~.4, BACKWARD 1.!ASING USING A UNIDIRECTIONAL FM .Mt\sKER 
One prediction which may be made from the backward mas~ng 
audiogram, which is of direct relevanoe to work reported in the 
previous chapters, is that a unidirectional FM glide will backward 
mask itself more in one direction than in the other. When the 
glide is increasing in frequency, then one can imagine that the 
'probe' frequenoy is always lower than the masker frequency. 
In that case, very little back1Nard masking should occur. ~ben 
the direction of glide is decreasing, then relatively more self-
masking should occur. This will not be true for forward making, 
as in that case, little or no frequency offset is observed in the 
masked audiogram. This hypothesis has been indirectly tested 
in the previous chapters, and shown to be qualitatively acceptable. 
In the present chapter the hypothesis will be tested directly 
in a backward masking paradigm. In this experiment a probe tone 
was masked by a unidirectional frequency glide masker. The apparatus 
configuration is shown in Fig. 5.20. 
As well as the parameters that could be varied in the 
static backward masking experiments, the frequency bounds of the 
glide could also be varied (the frequency varied linearly from 
onset to offset of the un aker ). All other experimental method 















1ig. 5.20• Apparatus used for baokward maSking experiment using 
a unidireotional glide masker. Pulse gen + mont + mon2 = Aim 
modular pulse generator; trig. ramp gen. = Wavetek model 112 
(used as a triggerable ramP generator); VCO = Hewlett-Paokard 
Model 3310A veo; osc = Wavetek model 111 veo; other apparatus as 
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Fig. 5.22. Baokward masking audiogram using a unidireotional 
glide masker, showing the effeot of glide durat ion. Subj eot GFP. 
Fig. 5.23. Backward masking audiogram using unidirectional glide 
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Fig. 5.26. Backward masking audiogram using a unidirectional 
glide masker, showing effect of glide direction. Subjeot SJJ, 
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Fig. 5. 28 • BackWard masking audiogram using a uiidirectional 
glide masker . Subject SJJ. 
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5.4-.1. RESULTS AlID DISCUSSION 
The results are shown graphically in Figs. 5.21 to 5.28. 
The general results agree qualitatively with what one would expect 
from the above discussion (for subject RH, the probe tone could 
be heard for frequencies below 1 kHz for a decreasing frc'}uoncy 
masker; above that frequ.ency the probe tone was being severely 
distorted by the generating apparatus, before it became audible 
(approximately 70 dB above unmasked threshold). It will be noted, 
that in general the threshold is the same for probe tones in the 
region of 1 kHz independent of whether the masker glides from 
1 to 2 kHz or vice-versa. This, even though in one case the probe 
,m"sker <.4>' .. ,"ti«r.r 
and the 1 ~izAare separated by a few milliseconds, whilst in the 
other they are separated by about 100 ms. 
It will also be noted that in almost all cases some sort 
of spectral periodicity is evident in the results. This, of 
course, is what one would expect if one were observing the behaviour 
of a central pattern recognition mechanism. However, this aspect 
was not studied in su#ficient detail to make any 4uantitative 
measures from these curves. If one accept_s the hypothesis upon 
which these ideas are baaed, in principle, this masking paradigm 
might be used to study the dynamic beha.viour of a central pattern 
recogniser. 
These results ma.y be used as confirmation and sup,ort 
for some of the explanations used in Chapters 3 and 4. It indiBates 
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a reason for a differential threshold for unidirectional tonal 
glides depending on the direotion of the glide. Also, the audiograms 
might provide some confirmation of the different initial bandwidths 
(for the direction of glide), assumed in the time-variable spectral 
analyser desoribed in Chapter 3, i.e. the different values of n. 
Also, the results partially confirm that the level of rna. skine 
is fairly independent of the masker rate of change. 
It will be remembered th'l.t Heinz, Lindblom, and Lindqvist 
(1968) did not find any notabl~ effects of direotion of elide 
when using a frequency glide in a forward maSking paradiem. 
That is just what one would expect, as forward msking does not 
show the freqmency offset shown by backward mSking. 
The frequency locus is a ooncept common in investieations 
of speech perception (e.g. see Liberman, Cooper, Sh~eiler, 
and Studdert-Kenne~ (1967». For some initial con'Onants (voiced 
stops (/b/, jd/, jg/, etc.), and some semivowels ~/.,,/, /r/, and 
/yj» it would seem that the major property of the phoneme which 
leads to its correct detection is the seoond formant ('2) transition. 
However, both the initial frequenoy and the rate of change of 
the transition are stron81y dependent upon the follovring vowel 
(the transition ends at the value of F2 assooiated with the following 
VOiTel). Liberman, et. ale noted that if one extr,''l.polated the 
transition baok in time by a fixed time interval, then, independent 
of the following vowel, one would always find the same frequency 
value at the end of the extrapolation. This frequency is termed 
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the 'frequency locus' of the consonant. (It"is fairly easy to 
aee how this frequency locus comes about, if one assumes thnt tho 
tongue, or other generating mechanism, begins to move from a 
given position before vocalisation begins). One hypothesis mieht 
be that the speech analysing part of the auditory system also 
carries out an extrapolation in order to determine the frequency 
locus of a given consonant. One way to do this would be to internally 
synthesise the missing initial part of the consonant (or the internal 
transformation of it), and determine the frequency locus in that 
w~. Then one might imagine that the synthesised portion would 
have an ability to maSk a tone. Hence, the trajectory of the internal 
extrapolation wo,ild show as a function of the time gap between 
the burst and the masker. This was one of the motives which inspired 
the present experiment. However, a stu~ of Figs. 5.21 to 5.28 
would suggest that there is no evidence to support this hypothesis. 
However, it has been-suggested that there is a specifio speech-mode 
of auditory perception, whioh is not active in the processinc of 
non-speech counds (e.g. Liberman, et. al. (1967). Therefore, 
the present hypothesis cannot be completely discarded, just because 
it is not proved by experiments using non-speech-1ike sounds. 
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CHA.PTER 6. SUW:1ARY AND CONCLUDING RE;~ 
In this dissertation, the threshold for stimuli with changing 
pitch has been discussed in terms of some simple psyohoacoustioal 
phenomena. The intention was to seek those effects which could 
not be explained in suoh terms, and to examine these further, 
espeoially with respeot to the possibility that such effects might 
reflect the aotivity of a feature detector speoific to stimuli 
having ohanging pitch. 
6 1 SIJ},~,lARY .. . 
In Chapter 1, previous work in the stu~ of the response of 
the auditory system to stimuli having a ohanging frequenoy oomponent 
was reviewed. It was noted that it is fairly well-established 
that, in neurophysiological experiments, units are found in the 
auditory oortex of cat which behave in a manner whioh might be expected 
from a feature detector whioh is specifio to FM stimuli, for example, 
responding only to a given rate or direotion of modulation. It 
was also noted that these units might have some iaportanoe in the 
discrimination of biologioally significant stimuli in the intra-
species communication of the cat. It should also be nO.ted that 
birds, one of the major groups upon which the cat preys, make 
copious use of FM signals in their cries. It was also noted that 
the auditory cortex is not necessary for the cat to discriminate, 
behaviourally, the direction of modulation of FM stimuli. The 
response to PM stimuli, in the lower levels of the auditory systems 
of the cat, rat, and bat was also briefly reviewed. The major 
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portion of Chapter 1 was devoted to reviewing those psychoacoustical 
experiments which used FJ.i signals as a stimulus. In general, 
the results of ma~ of these experiments are difficult to interpret, 
and sometimes the results are contradiotory. For example, Sergeant 
and Harris (1962) presented evidence which strongly suggested that 
glissandi were treated as a separate perceptual faotor; whilst 
results of Pollack (1968c), who repeated in somewhat greater detail 
the experiment of Sergeant and Harris, showed quite different quantitat-
ive results, whi~suggested that glissandi were not perceived as 
separate perceptual entities. In reconsidering the experiments 
reviewed in Chapter 1 it will be noted that several could be interpreted 
as indicating that the factors limiting the response were well-
known phenomena which affect the auditory system, and in particular, 
spectral integration, temporal integration, and the uncertainty 
between frequency and time which is a property of linear systems. 
Perhaps the most convincing psychophysical evidence for the existenoe 
in the human audito~ pathways of channels selectively tuned 
to the modulation present in frequency-modulated tones is that of 
Kay and Matthews (1972), who showed that some oentral mechanism 
could be seleotively adapted to an FM stimulus with & given modulation 
rate. However, it was also noted that there was no oonvincing 
explanation for why the adaptation was minimum for binaural 
stimulation. The latter section of Chapter 1 was mainly ooncerned 
with the consideration of FM signals as biologically significant 
stimuli for man, and espeoially in the speech oontext. It was 
noted, however, that it has been suggested (e.g. see Liberman, 
Cooper, et. ale (1967» that mechaniams which are used in the analysis 
of speech might not be revealed by the study of the resnonse to 
- 205 -
non-speechlike stimuli. 
Chapter 2 was mainly concerned with a discussion of the 
techniques to be used in the following chapters. 
In Chapter 3, the threshold for unidirectional tonal glides 
was investigated. It was suggested that this should be done in the 
presence of a broad-band masking noise. This was beoause, in the 
absence of aQY masking noise, the sensitivity of the ear shows 
a great dependency upon the frequency region of the signal under 
investigation (which is possibly a very peripheral limitation), 
whilst under noise masking, this depen0ency is far less. Thus, 
the response of somewhat higher levels of the auditory system may 
be revealed. The model which was used, primarily, for these stimuli 
was one which took into account the spectral and temporal integrating 
properties of the ear (which were, in part, investigated empirically 
using tone burst stimuli). It was noted that the experimental 
threshold results for the FM stimuli often showed consistent 
divergencies from the model. These divergencies could be eA~lained 
in terms of two possible theories, either: a) the onset effect 
theor,y (e.g. as discussed by Zwicker and Fastl (1972», if this 
theor,y is extended, to state that the onset effect occurs when 
signal energy enters a given critical band; and b) the theory 
based on the concept of a developing critical band (as sugGested 
by Scholl (1962 a & b». It was noted that, in principle, by a 
suitable choice of stimulus parameters, and in particular the 
modulating function, that the threshold for unidirectional FM 
signals cmlld be used to test the 'developing critical band' concept. 
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It was noted thqt signals with increar.ing frequency showed a 10wer 
threshold than those with decreasing frequency. This was particularly 
noticeable when high frequency bounds were used. This could not 
be explained in terms of the above-mentioned models. This was the 
only indication in the experiments reported in Chapter 3 which 
might be considered as evidence for feature deteotors for FM stimuli. 
However, it was noted in Chapter 5 that this phenomenon was not 
specific to cases where frequency was modulated smoothly, but that 
a phenomenon, which may be considered similar in origin, may be 
observed in a conventional backward masking paradigm. 
In Chapter 4, the threshold spectral modulati on depth 
for delay-modulated D+dn stimuli was investigated. It was noted 
that two types of threshold were observed: the fluotuation threshold, 
and the colouration threshold. The fluotuation threshold was investigated 
using a periodic modulation of delay. A model was used, which 
assumed that energy fluctuations of 1 dB within a critical band 
are just discriminable. This model was not completely satisfactory, 
and divergencies from the results predicted by the model could 
only be qualitatively modelled, in terms of temporal interaction 
effects. It was noted that the dynamic behavioL~ of a short-time 
autocorrelation mechanism (the time-averaging envelope of \'Ihich 
was determined from experiments using stimuli with static delay) 
did not agree with those observed empiricallY. A possible reason 
for this is that the temporal mechanisms are effective only for 
longer delays~ The periodic fluctuation threshold results showed 
a slight indication of this. The energy detector model was fairly 
succesful in indioating the course of the periodio fluotuation 
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threshold for filtered signals. The results for the colouration 
threshold experiments were less easi~ modelled. '£his threshold 
was investi.cated using both continuous periodic modulation of delay, 
and also unidirectional modulation. The model considered, in the 
first instance, was that near to threshold the temporal fluctuations 
are not detectable and may perhaps be completely time-averaged, 
and that the detection of colouration is made by means of the detection 
of spectral fluctuations in the resultant time-averaged spectrum. 
For the continuously modulated stimuli, the method of adjustment 
was used, but the results were not suffioiently well-defined to 
make a good comparison between the empirioal and calculated results. 
However, it was noted that the model did not provide a good match 
to experimental results at high modulation extents. For filtered 
stimuli, the model was also not ve~ good for predicting the 
colouration thresho~d for high-pass filtered stimuli with a cutoff 
frequency in excess of 5 kHZ. For unidirectional modulation of del~, 
the threshold, once again, was not successfully predicted by the 
above-mentioned model. However, a better qualitative match was obtained 
if it was assumed that the resu I tant time-averaged spec trum ha.d 
been distorted by both temporal masking and adaptation. As in 
Chapter 3, a differenoe in threshold was observed depending upon 
the direction of modulation. Onoe again, it might be thought that 
these threshold differences might, in general, be a result of the 
same effeot as observed in a baokward masking paradigm. Usually, 
stimuli with increasing delay showed a lower threshold than those 
with decreasing delay. This could be integrated into the same 
system as that observed in backward masking (in terms of a higher 
peak of the signal spectrum baokward inasking the dominant pea.k). 
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However, in some cases, the threshold difference was in the opposite 
direction. This could less satisfactorily be included into the 
general sheme. It was also noted that there was a considerable 
lowering of threshold for binaural stimulation, in comparison with 
monaural stimulation. This was thought possibly to be associated 
with phenomena observed by Kay and Matthews (1972). The phenomenon 
requires considerably more investigation before any conclusions 
may be reached. 
In Chapter 5, the backward masking phenomena of particular 
interest to the study of signals with changing pitch were investigated. 
In particular, the effect, that a probe tone is maximally baokward 
masked by a masker of somewhat lower frequency, was investigated. 
It was suggested that this phenomenon might be a result of the 
response of an internal pitch pattern-recognition mechanism, and 
not of a feature deteotor for FM stimuli. It was shown, by using 
a unidirectional frequency-modulated tone as masker in a backward 
masking paradigm, that the results observed in Chapter 3 for the 
differential threshold as a function of the direction of modulation, 
and possibly also the similar results observed in Chapter 4, mieht 
Qe.associated with the effects observed in backward masking. 
6.2. A SPE:;IFIC DETECTOR FOR FlII'? 
It would seem that the only evidence whioh might strongly 
point to a feature detector for FM stimuli are those results which 
show a different threshold depending upon the direction of modulation. 
It would appear that these arise from the same cause as tha.t ,,[hich 
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leads to the backward masking phenomenon. This common cause might 
possibly be an FM feature detector. However, it has been sug~ested 
that the cause might be a pitch pattern-recognition mechanism. 
If that is the case, then it must be concluded that the exreriments 
reported in this dissertation show little or no evidence for an 
FM feature detector in man. 
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